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Preface

This work has been motivated by the work of Lt. Karl
Seelandt, December 1981 graduate of Air Force Institute of
Technology and the research of Maj. Larry Kizer and Dr.
Matthew Kabrisky, professors of Electrical Engineering,
Air Force Institute of Technology. This research used
Seelandt's phonemes as a basis for determining an optimum
length of the phonemes. In addition, speech synthesis was
attempted using single vector or time slice phonemes,

I would like to thank my advisors Maj. Larry Kizer
and Dr. Matthew Kabrisky for their patience and guidance dur-
ing this project.

I would also like to thank my wife, Susan, for her
help as a partner during my work. She has given me moral
support during my research and without her contributions

this project could never have been completed.
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\\ Abstract
Q(llm analysis of speech is made by comparing single,
two and three time slice phonemes to five time slice
phonemes (.08 sec/time slice). All phonemes were created
from the same speech with the single, two and three time
slice phonemes created from portions of the five time
slice phonemes. It was found that the single time slice
phonemes compared favorably with the five time slice
phonemes in recognizing speech only if the frequency com-
ponents remained relatively constant over a period of time,
such as the vowel and nasal sounds. The two time slice
phonemes showed results that began to duplicate those of
the five time slice phonemes, but still had inconsistent

results identifying fricative sounds. Three time slice

phonemes results showed a closer correlation with the re-

sults of the five time slice phonemes than those of the
one and two time slice phonemes. All results were obtained
using a 64 point sampled, Hamming windowed, Discrete Fourier

Transform. The recognition results for each time slice of

speech, using various length phonemes, are tabulated and
the results are used to re-synthesize the original speech.
This was done by using digitized speech composed of the
middle time slices from the 71 five time slice phonemes. *\\\‘> -

~d
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Results indicated that the synthesized speech was understand-
able when the recognition results successfully identified

the proper phoneme for approximately 4 consecutive time slices.
An extraneous phoneme choice in a consecutive grouping of a
phoneme choice did not seriously degrade the output since it

accounted for only an .08 second time slice.
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PERFORMANCE IMPROVEMENTS OF -
THE PHONEME RECOGNITION ALGORITHM M

I. Introduction 3

Speech recognition has been studied since the 1940's,
where experiments were made with visual hearing. Sub-
jects in this experiment studied spectrograms and inter~
h preted what had been said (Ref 1).

In the 1950's automatic recognition was introduced
: in a paper that described a method of recognizing the
F utterance of digits (Ref 1:44-45).

Justification

The need for automatic speech recognition stems from

the fact that as the technology advances in information
systems, a more direct interface is needed between man

and machine. For military applications, this fact has come

to the attention of engineers designing information systems
for future aircraft. 1In particular, this problem is being
investigated for the AFPTI F-16 aircraft. In a combat en-  ’;
vironment such as a night attack mission, the pilot is re-
quired to monitor and operate navigation, terrain following
sensors, and weapons delivery systems, in addition to
monitoring the normal flight instruments. He's also required - 4
to make decisions concerning weapons delivery tactics,
threat avoidance, and navigate to and from target areas.

With such an increase in workload, flight safety and mission . A
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integrity are severely jeopardized utilizing present tech-
nology for the man-machine interface.

Utilizing both automatic speech recognition and speech
synthesizing can further the development of narrow band-~
width voice communication. This can prove valuable where
low frequency and very low frequency communications are
used along with their characteristically narrow bandwidths.
Background

At the present time, there are commercially available
speech recognition machines that perform limited speech
recognition. There are still major drawbacks to these
available machines.

First, most of these machines still have to go through
a training session where a speaker recites the words the
machine is to recognize. Even though the training period
has been made fairly painless to the user, it still severely

limits the vocabulary the machine can understand.

Second, because of the training required by the machines,

they still are largely speaker dependent either for an in-
dividual or a small group of people. Drastic changes in a
speaker's inflection could also degrade the recognition
results even though the machine was trained by that in-
dividual.

Finally, recognition has been targeted mainly at the
recognition of the utterance of single words. Problems
with recognizing connected speech must also be addressed.

This can prove to be more difficult because the utterance

—



of an individual word is distorted by the proximity of
S other words (Ref 2:4).
i - Seelandt, in his thesis (Ref 2), approached the pro-
: blem of recognizing connected speech. A phoneme recogni-
tion scheme was used with a set of 71 different phoneme
‘i templates used as the basis of his recognition routine.
ii Phonemes were selected from connected speech that has been

digitized by sampling the analog speech at 8000 HZ. The

speech consisted of a series of utterances of the digits
zero through nine. The selected phonemes represented 40
msec of speech or 5 time slices where, each time slice is

8 msec. The phonemes were chosen from Seelandt's own speech
which consisted of four separate speechfiles. Phonemes
were chosen with the aid of a software tool that allowed

the user to observe, on the Tektronix 4010 graphic terminal,
the spectrogram of 20 blocks or 800 msec portions of a
speechfile and be able to simultaneously 1listen to any
portion of the 20 blocks chosen. A block of speech can

also be described as a group of 4 vectors. 1In this research

project, the term vector and time slice are used inter-
changably with each vector containing 32 frequency com-~ -
ponents ranging from D. C. to 4000 HZ.
Method

As in Seelandt's thesis, (Ref 2) the phoneme recog- -~
nition scheme will use as a basis the 71 phonemes from
Seelandt's speechfile. The recognition routines that j

are used were developed by Seelandt (Ref 2) and modified —
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by Montgomery (Ref 3]}.

The basis for this recognitilon routine can be found
in Potter, Kopp and Green's research where they demon-
strated that after an education process, humans can recog-
nize phonetic patterns in speech spectrograms (Ref 1}.
Using this as justification the premise is made here that
a machine should be able to use the spectrogram data to
recognize speech.

The problem to be addressed in this thesis is how
much information in the phoneme prototype is needed to
get the results Seelandt obtained with his prototype
and how much information is needed to synthesize intel-
ligable speech from the recognition routines. Information,
as used here,refers to the number of time slices used in
the phoneme prototypes.

Scope

In Seelandt's thesis, the length of the phoneme pro-
totypes was rather arbitrarily chosen to be 5 vectors.
The purpose of this project was to determine if this was
indeed an optimum length for the prototype and what, if
any, were the performance differences of prototypes made
up of fewer vectors. Information and software tools
from Seelandt's thesis were used extensively since this
was to be a follow-on study using his results.

Because there is no perfect model to compare re-

cognition results with, the 5 vector prototypes used

DS




by Seelandt would be used as a data base for comparison,_
Other parameters were also to be kept constant through
out the project. These included using 6dB preemphasis
beginning at 500 Hz, using the threshold value of 10

(See Seelandt, Ref 2} for the RMS energy in a speechfile
and using a Hamming window in the computation of the spec-
trograms.

As shown in Seelandt's thesis (Ref 2), there was no
performance advantage when a Hamming window was used
instead of a rectangular window. With this in mind, the
Hammiﬂg window was used only for the sake of consistancy.

Sequence of Presentation

The sequence to be followed in this report will be
to first discuss the phoneme template development; secondly
how qualitative analysis was accomplished, the next section
will follow with how speech synthesis was accomplished,
the fourth major topic will be how Martin's speech recog-
nition routine was used in this project and last, the re-

sults and recommendations will be addressed.
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II. Phoneme Template Development -

Previous work by Felkey (Ref 4) and Seelandt (Ref 2) A
led to the development of some of the software tools that —
were used in this effort.

PICTALK allows the user to input a file of processed
speech through the Eclipse background and have it print
a spectrogram on the Tektronix 4010 terminal that inter-
faces with the Eclipse foreground. Once the spectrogram
has been printed, the program allows the user to select
and listen to any portion of that speechfile. In order
to output speech through the Crown amplifier, MONITR
must be running simultaneously on the Nova. MONITR mon-
itors the Interprocessor Buffer (IPB) and passes parameters
from PICTALK that is used by the Channel Operating Sus-
tem (CHOPS).

PHOGEN is used to generate the prototype set of -
phonemes. These prototypes are 5 time slices long and
the user has the option to either create a new set of
prototypes or create an averaged set of prototypes. The
source for the prototypes are the speechfile. When

averaging is done, the following formula is used: -

x(1}*n) + y(i)

z (i) :
n+1l -




where: n is the number of times averaging has occured

y(i) is the ith component of a time slice
to be averaged in.

X(i) is the ith component of a time slice
from the existing prototype

z(i) is the ith component of a time slice
from the new prototype (Ref 2)

Problems encountered

In general, problems were encountered when three of
Seelandt's programs were compiled and run.

When PICTALK and MONITR were run, a Nova error with
value 163 occurred when an attempt was made to listen
to a portion of speech. In order to try and pinpoint
what caused the error, flags were used and values passed
to subroutines were echoed. By observing the flags and
backtracking through the code by hand, it was found that
the error originated from the subroutine CHANNEL. CHANNEL
is a Fortran subroutine designed to interface programs
running on the Nova to the Cromemeo Z-2 computer with
the channel operating system loaded and running in it.

Studying the documentation on CHANNEL revealed that
the Nova error was equivalent to channel error 35 which
meant that the file to be transferred was not evenly
divisable by the channel block count. This was very
puzzling since the number of blocks in the file to be
transferred was set as a constant of 86 and the channel

block count was a constant of 2. The only explanation




for the error was that the file used was actually less
than 86 blocks and if this occurs, the task is aborted.
This was corrected by making the blocks transferred a
user defined variable instead of a constant.

Another problem encountered using PICTALK and MONITR
was the fact that it needed two terminals on the Eclipse
and one terminal on the Nova in order to operate. Initial-
ly, PICTALK was modified so that only one Eclipse terminal
was needed and the modified program was renamed TEKTALK.
Later, a second modification was made after the A/D/A
converter for the Eclipse was operating. With this modi-
fication all the operations carred out by the two computers
were consolidated into TEKTALK and a swapped program,

TALK. This allowed the Eclipse to perform the entire oper-
ation of displaying the spectrogram and output the desired
portiors of the speechfile through the Crown amplifiers
and speakers in the same manner as PICTALK and MONITR

(Ref 5). This also allowed the entire operation to be
executed on one terminal. Figure 1 illustrates the
configuration for operating the Eclipse A/D/A converter

with TEKTALK.
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Figure 1, Eclipse A/D/A system




Source of Phoneme Template

As a baseline, Seelandt's original set of prototypes
was used. All other prototypes used in this study were
obtained by taking some combination of vectors from the
original set. The reasoning behind this was to use the
original prototype set as a basis for comparison. Be-
cause of the subjective nature Seelandt used to pick his
phoneme prototypes, another set of prototypes could have
been chosen using different speechfiles and/or using
different time slices or vectors. It was decided at the
onset that this would consume too much time and that
the original set would serve adequately as a baseline.

Originally, an indirect method was used to generate
the new prototype sets. Seelandt has developed a speech-
file made up of just his 71 phonemes call "PHONEMES".
This speechfile was used in speech synthesis (Ref 2).
Running this file through TEKTALK created the frequency
component file and allowed visual inspection of the
speech. PHOGEN was then used for creating the phoneme
templates by allowing desired vectors to be chosen from
the frequency component file.

While analyzing the spectrogram of PHONEMES it
was found there were slight differences between the
spectral components of the speechfile and those of
Seelandt's prototypes (Ref 2). It was then decided that

since the original objective was to use Seelandt's

10
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prototypes as a data base, that the speechfiles used to
create Seelandt's prototypes would also be used to create
the new prototypes. Table I shows the speechfile used
and the 5 vector phoneme picked from them. Table II
lists the phoneme prototype number and their associated
vector numbers from the speechfiles. The frequency com-
ponent files of these speechfiles were created by SGRAM

and were then used by PHOGEN.
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Table I

Source Speechfiles used and

their associated phoneme templates

Speech File

phoneme numbers




Table II

PR il 2 e o

Five Vector Phonemes and the vector numbers they are

associated with in the original speechfiles.

Phoneme

1

W 0 N9 o e W N

E 5

12
13
14
15
16
17
18
19
20

number

Beginning
Vector
number

1
9
15
27
34
41
50
56
61
67
72
104

118
127
134
139
148
190
195

Phoneme

__number

21
22
23
24
25
26
27
28
29
30
31
32
33
34
35
36
37
38
39
40

Beginning
Vector
number

201
211
221
230
87
96
102
108
118
125
25
32
47
61
69
81
87
96
104

13
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Table II cont.

Beginning Beginning
Phonene vector Phoneme vector
number number number number
41 122 61 40
42 127 62 46
43 135 63 64
44 140 64 73
45 148 65 80
46 154 66 87
47 163 67 93
48 169 68 99
49 183 69 104
50 186 70 114
51 200 71 1
52 210
53 217
54 223
55 228
56 235 o
57 6
58 11
59 18 ]
60 23
]
14
-
int— - — .




Single Vector Phoneme -~ Template Selection

The first prototype set created was the single
vector phonemes. These were created by taking the middle
vector from the original 5 vector phoneme template and

using it as a template for that phoneme. The middle vec-

tor was chosen because in a five vector phoneme, the dif-
ference between the middle vector's frequency components
_ and those of the vector's farthest from it are likely to

be less than the first vector's frequency components com-
.. pared to the fifth vector's component. Because the spectral
; components differ greatly from phoneme to phoneme, this
is not always true. There are some phonemes that have

spectral components that don't change very much as the time

slice changes, an example of this is the "n" sound in
"one". In this case, any one of the five could perform
just as well as a phoneme template.

Two Vector Phoneme Template Selection

Initially, two sets of templates were created to

compare with each other and the other template sets.

The first set consisted of templates created by using
the second and middle vector from the five vector tem-
plates. The second set was created from the first and .
second vector of the five vector templates. The com-

parison testing consisted of using each template set as

the phoneme prototypes in PHDIST and running the recog- .

nition routines against the speechfiles the original

15
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phoneme prototypes were taken from. As expected, it
showed that the majority of the phonemes performed al-
most identically on the given speechfiles. There were
isolated cases where one phoneme of a given set performed
better than the corresponding phoneme of the other set.
The method used in the comparison will be covered in chap-
ter III. With these results, a third set of phoneme tem-
plates was developed using the phoneme templates from the
first two sets. If the two phonemes had identical perfor-
mance, it was just an arbitrary choice as to which one was
used. If one showed an improvement in performance over
the other it was chosen as the phoneme template for the
third set. What resulted was a hybrid set of phoneme
templates that contained the best performers of the two
sets of phoneme templates, and thus would have an op-
timized performance for two vector phoneme prototypes.
Since the locations of the vectors used as prototype
phoneme templates were now know, a set of phoneme tem-
plates could be constructed with relative ease and in a
short period of time. With this in mind and for the sake
of completeness, two more sets of two vector phoneme tem-
plates were constructed for comparison testing against the
third set of phoneme templates. The fourth set was made
up of phonemes containing the middle and fourth vectors
and the fifth set was made up of phonemes containing the

fourth and fifth vectors of each original five vector

16
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phoneme template. The same type of comparison testing was
performed using these last three sets of phoneme templates.
As in the first set of tests,the best performers from the
three sets were combined into a sixth and final set. If
there were no clearly superior performer for a given phoneme
from the three sets, the template from the third set was
arbitrarily chosen to be included in the sixth set. The
reason for this judgement call was strictly for convenience.
The program used to create the phoneme template set is
constructed to either create a totally different set of
templates or it can modify an existing set of templates,
thus saving time and eleminating a lot of tedious work

that increases the chances for an error to occur. This
sixth and final set of phoneme templates is the set that
was used in the comparison test between the various length
phoneme templates. Table III shows a listing of phonemes
in this final set, labelled set F, and the orginating tem-
plate set for each phoneme. Set A is the first set, B

is the second set, C is the third set, D is the fourth

set and E is the fifth set.

17




Table III

Final Two Vector Phoneme Templates
and Template Set They Originated From

Vector
number

[ VS TR ]

O 00 N Y W

11
12
13
14
15
16
17
18
19

Originating
set

O

» or o » o » P »r »r P ©w M M M m D » b » m

Vector
number

20
21

22
23
24
25
26
27
28
29
30
31
32
33
34
35
36
37
38

Originating
set

A

(2 I - I

P M P U W W W W w w P &© U w o
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Table III Cont.

.Vector Originating Vector Originating
number set number: set

39 A 60 D

: 40 B 61 A

k 41 B 62 E
42 A 63 A

g 43 A 64 E

f" 44 A 65 A

ﬁ 45 D 66 A

46 E 67 D
47 E 68 D
48 A 69 A
49 A 70 E
50 A 71 C
51 B

e 52 A

53 A

e 54 A

: 55 A
56 A

.* 57 E
58 A

; 59 A

P

i

A

b 19
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Three Vector Phoneme Template Selection

For the comparison testing, a phonemeAtemplate
set consisting of the middle three vectors from the
original phonemes was created. The set was created
using the same procedure used to create the one and the
two vector phoneme template sets. Only one set of three
vector phonemes was created. The reasoning behind creat-
ing only one set was due to the tremendous amount of over-
lapping that would occur in the creation of different sets
of templates. What this means is that if another set
of phonemes was created, only one vector per phoneme
would be different from the first set of three vector
phonemes. This single vector difference amounts to only
8 msec of speech. This overlapping would be expected to
produce the same results in the recognition routines when
compared to the set of three vector phoneme templates‘that
were used in this project.

Verification of Phoneme Template Sets

A verification process was initiated after the selec-
tion of each set of phoneme templates. This process was
necessary to insure that the vectors used in the set of
templates match the desired vectors in the original tem-
plate set. The verification was done by visual inspection
of the spectrograms. Because the phoneme template sets
were actually record files containing the Discrete Fourier

Transformed frequency components of speech, a modified

20
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spectrogram program had to be used to display the spectro-
gram of each phoneme template set. This program was SGRAM
4 developed by Seelandt to be used specifically for this
purpose. Once the spectrograms were obtained,a vector by
vector comparison was done between the phoneme template
set and the original five vector phoneme template set,
This verified that wrong vectors were not inadvertently
chosen and that corrections made to the template sets were

indeed made.

21
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IITI. Qualitative Analysis of Phoneme Template Sets

Method

Once the different template sets were formed, a method
for comparing them had to be devised. This involved the
use of software tools and visual inspection. The one
major problemn to overcome was what to use as a model for
comparison and what parameters were to be used in the com-
parison. Once this problem was resolved, software could
be written to suit the needs dictated by the comparison
tests.

As mentioned earlier, the intent of this project was
to find out if five vector phoneme templates were indeed the
best choice for prototypes. Based on this premise, the
five vector phoneme template set was chosen as the basis
for comparison. Accordingly, the speech that was used for
forming the phoneme template set was also used as the stand-
ard for exercising the different phoneme template sets.
This procedure was chosen because, with speech, there can
be no standard universal model for comparison. It was
felt that using the five vector phoneme templates in the
recognition routines would produce the optimum results.
These results then served as the standard model in the
comparisons.

Software Tools

22

—

v A U .




With the basic ground work laid for the comparison
testing, programs could be developed and utilized to
provide the results needed to perform the final analysis
of the comparison testing. 1Initially, the phoneme re-
cognition routines used were Seelandt's TRYDIST 5 and LIS~

TER 4 programs, TRYDIST 5 calculated the distances between

the desired phoneme template set and the chosen speechfile.
Each phoneme is compared to a segment of speech equal to
the length of the template. The speechfile has been pro-
cessed by a Descrete Fourier Transform into 8 msec vectors
in the same format as the templates. In this way TRYDIST 5
then increments the segment of speech one vector at a

time and performs another distance measure against the
given phoneme template. 1In this manner, each phoneme is
compared against the entire speechfile; giving a distance
score at each vector excluding the last N vectors where N
is the number of vectors in the phoneme prototypes. LIS~

TER 4 then takes the results from TRYDIST S and outputs

the five closest matches according to their distances for o
each vector. It also outputs a range factor and scale
factor for each vector, but these were not utilized in
this project (Ref 2).
Problems were encountered when these programs were
first used. In order to allow the program to work with
various length phoneme templates, TRYDIST 5 had some op-

tional statements that needed to be compiled. When an

P
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attempt was made to compile this program, compile errors
occurred. By troubleshooting the program, the error was
found to be two illegal statements that were used only
when the compile option was chosen. These referred to a
specific file that was not used for any purpose in the
program, With all statements referring to this file
eliminated, the program compiled successfully.

After working with TRYDIST 5 and LISTER 4, another
problem surfaced that lead to the elimination of these
programs as a primary means of performing the recognition
routines. This problem was in the output of LISTER 4
where the top five choices were printed for each vector.
The output routine listed the top choices by the phoneme
name (i.e. 2X, AH, 1Y, etc.). This proved to be unsatis-
factory for this project since the same name was given to
more than one phoneme template in many cases. An example
of this is the "T" sound in both "two" and "eight". "Two"
has three phonemes that were named "Tx". Fortunantly,
Montgomery also realized this and modified TPRYDIST 5 to
create PHDIST and modified LISTER 4 to create CHOICE 5.
These programs perform the same function as Seelandt's
program, but the output would be the top phoneme template
choice for each vector as a phoneme number. This made it
easy to see exactly which phoneme was chosen (Ref 3).

As good as the output of CHOICE 5 was for giving an

indication of the phoneme templates' performance, it still
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was not in a desirable form for documenting the results

of the comparison. A more qualitative and visual indi-
cation of the test was needed as documentation. It was
felt that the best method for meeting these parameters
was using graphical representations of the results.

This task was performel by the program, PLOTPHON. In

this program the results from CHOICE 5 were utilized.

The user chooses the phoneme to be examined and the pro-
gram searches the results from CHOICE 5, looi.ing for where
this chosen phoneme shows up. 1If the phoneme appears more
than twice it then proceeds to the next step of the pro-
gram, otherwise it informs the user that the phoneme ap-
pears less than twice and ends the program. The next
step involves modifying the phoneme's distance gcores to
lie in an amplitude value between one and zero. This is

done by using the following equation:

Np - Mmin
A =
P Mmax - Mmin

Amplitude of distance score for vector p.

o

Phoneme distance score for vector p.

2
k(o]
!

Mmin - Minimum distance score in speechfile for given
phoneme,

]

Maximum distance score in speechfile for
given phoneme.
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Once the computation has been performed, the amplitudes
are then plotted on a graph versus their corresponding
vector numbers from the speechfile.

A modification of this program also allows the user
to construct a window illustrating where, in a speechfile,
a phoneme was taken from. This was useful in showing
where a given phoneme was expected to appear when the
original speechfile was used in the recognition routine.
With a graph for a given phoneme number and from each set
of templates, the results can now be easily compared and
with a hard copy of the graph, the results are also
documented. Examples of the resultant graphs are shown in
Figure 2 through Figure 5, A more extensive documen-

tation of the results is in Appendix B.
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IV. Speech Synthesis

As results from the recognition routines were being
obtained, it was suggested that a way be devised to output
the results as speech. This would give an audible in-~
dication of how the recognition routine performed. It

also would serve as another metric for measuring the per-

formance of the phoneme template sets. Albeit, it is a
very subjective metric because it is based on what is per-
t’ ceived through each individual's auditory senses.

Method

In human speech, an utterance consists of a combination

‘"; of sounds from a basic set of sounds that are called phonemes.
For synthesis the same principle is used. The computer
has stored in memory a record file of the basic sounds
needed to produce an utterance. For this project, the
question was raised as to how much information is needed in
each phoneme to produce understandable speech. The best
way to answer this question was to start at the smallest
number of vectors per phoneme and build upon this basic
building block until understandable speech has been a-~

cheived. Therefore, the first file of phonemes used in

synthesized speech was created as a record file of digitized
speech using only the middle vector from each of the 71

five vector phonemes.

- —

1
-
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Software Tools

The tool used to create this file was a program called
SPEECH. This program allowed the user to select the de-
sired vectors in a speechfile and put them in another file
for use with synthesized speech. A spectrogram of the
speechfile of single vector phonemes is illustrated in
Figure 6.

After the file of phonemes was created, a coherence
test was devised to compare the single vector phonemes
to the five vector phonemes. Before a direct compari-
son could be made, the single vector phoneme set had to
be modified. This was due to the fact that each phoneme
represented only 8 msec of speech and if the speechfile
was to be an output of speech it would be unintelligable.
Whét was needed was a procedure to lengthen the speechfile
by repeating each phoneme a suitable number of times so
that the length of the modified phoneme speechfile cor-
responded to that of the five vector phoneme speechfile.
The creation of this file was done in a two step process.
The first step involved utilizing one of Seelandt's
programs call TYPETALK. This program created a file of
vector numbers corresponding to those found in a speechfile
and a phoneme number that was repeated five times. An ex-
ample of the format for this file is as follows: Vector
one would be followed by phoneme one, as would vector two

through five; Vector six would be followed by phoneme two,

32




T

- paadadds IR

| sswenennnn"PHONEMES. * USED IN TALK2. 8Vi SINGLE VECTOR PHONEMES

DATE: 11 29 1982

TIME: 20 43 53

NO. OF SAMPLES= &4 FIRST BLOCK= O LAST BLOCK= 17
- HIGH FREGQUENCIES PREEMPHASIZED. DB/OCTAVE= &

PREEMPHASIS STARTS AT FREQ: 3%00.

ENERGY THRESHOLD= 1.0

30 08 30 30 38 3 33 3400 120 3 3 NN HRBBRRURRVRRDER L RV BB H RS20

£ 0° v

Figure 6. Single vector phoneme speechfile
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as would vector seven through ten; and the format would
continue through the seventy-first phoneme.
Upon creation of this file, program TALK 2 would be

used to create the speechfile. This is also the program

L e 2o o o

i that utilizes the speechfile of single vector phonemes
that was originally created by SPEECii. TALK 2 takes the
file created by TYPETALK and reads each phoneme number in
sequence and goes to its phoneme speechfile and selects
the corresponding phoneme from that file and puts it into

a user designated speechfile. The resulting end product

is a speechfile consisting of 71 groups where each group -
consisted of a single vector phoneme repeated five times.
For further clarification of this description, Figure 7

‘rw illustrates the resulting speechfile as a spectrogramn. .-
In contrast, Figure 8 illustrates the spectrogram of the
speechfile made up of the 71 five vector phonemes. As
seen in the figures there is a marked difference between .
the two speechfiles. With the five vector phonemes, the
file contains enough of the speaker's characteristics for

a listener to identify the speaker even though a large

portion of the original speechfile was not used when the

e g

phonemes were developed. This is true because when

* Seelandt picked his phonemes, he was looking for changes
during an utterance. Therefore, the phoneme speechfile
sounds slightly choppy and the individual sound (i.e.

phoneme) is not held for the same length of time as in the
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uttered speech.

When the modified single vector phoneme speechfile
was listened to it was coherent speech, but had a very
mechanical sound and was also choppy. There was none of the
recognizable speaker's characteristics as with the five
vector phonemes. This was expected because this speech-
file contained only one-fifth of the information contained
in the five vector phonemes. However, there was still
enough information to identify what was said after each
single vector phoneme was repeated five consecutive times.

The results using the modified single vector phoneme
speechfile were encouraging enough to use the single vec-
tor phonemes as the source for synthesized speech. This
precluded testing the two or three vector phonemes and
made the algorithm for synthesizing speech easier to deal
with. The program that employed the synthesized speech
algorithm was TALK 2. This algorithm was explained
earlier, but in this case TALK 2 reads a file containing
the vector numbers from a speechfile and their corre-
sponding phonemes chosen in the recognition routines. 1In
this manner, the results from the recognition routines be-
comes an audible output that is fed back tc the user so
he or she can make a comparison between results obtained
using different phoneme templates and make the judgement
as to which sounds the best. As mentioned earlier, this

method is some what subjective, but did provide another

means to compare the four sets of templates.
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V. Implementation of Martin's Recognition Routine (Ref 6)

In Martin's thesis, there is developed a recognition
routine that was used with speech that was processed us~
ing the array processor (Ref 6). There are three major
differences between Martin's program and Seelandt's.

The first difference is that Martin's program could only
use a single phoneme template set in the recognition pro-
cess. The second difference is that Martin's program
could use the speechfile as a template set and use the
speechfile in the recognition routine and run it against
itself. This is very useful in investigating similarities
in the speechfile where a vector may be a close match to
another unrelated vector in the utterance. The final
difference involved the method by which distances were
computed between the template and the associated block of
speech. Both used the general Minkowski metric of order

s, where:

an( % E'):[iz:l: lsu" Euls ]"S (Ref 8)

is the general formula. Seelandt used the Minkowski
distance with the order equal to one. This is also known

as the City Block distance or Ml distance and, in his
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phoneme distance., However, there were a few instances
where the top phoneme choice was different. Por the other
four choices there were also a few instances where the
choilces were reversed and also where a different choice
altogether showed up. In all, the differences were
isolated. Both programs were checked for errors, but

none were found. It was then concluded that the isolated
differences were the result of round off errors in the
routine. This is very likely since both programs convert
integers to real numbers and real numbers to integers in
various portions of the routines. When it was shown that
both programs generally gave the same results, Martin's
program was chosen as the primary software tool for

speech recognition. This was due to the versatility of
the parameters; Martin's made extensive use of menues to
effect changes in the parameters. Another advantage
Martin's program had was that it could process a full 88
blocks or 352 vectors of speech., This is compared to
Seelandt's program which could only process 200 vectors

of speech at a time. This characteristic was valuable X
when the results from the program were an output of
synthesized speech. Seelandt's results had to be syn-
thesized as two speechfiles which added to the distortion '
of the speech because of the cut off in the middle of

an utterance. Because of the restriction Martin's program

1
placed on the template set, modifications had to be made —s
:
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program, was of the following form:

N
Sj = the jth speech sample
t = time shift
N = Number of speech samples (Ref 2:53,54)

In Martin's program, the user had the choice of using the
Minkowski distance with the order equal to one or two.
With the order equal to two, the formula is also known

as the Eulidean distance or M2 distance. The equation

for the formula is as follows:

tl(‘ui‘fn)z]

T t 172
_(fu" E,) (ih- s' ) ] (Ref 8:231-240)

172

-
e

af( SAY )

Using both programs and the single vector phoneme
template set, both recognition routines were run using
the same speechfile. The top five phoneme choices per
vector were then compared to note any discrepancy when
the City Block distance was used in both programs.
Ideally, both outputs should be identical since all
parameters in both programs were also identical. General-

ly the outputs did track each other in choosing the top
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to accommodate the use of different length phoneme templates.
Two options were available; one was to modify the program
and the other was to modify the files used by the program.
Because of time constraints and possible interface problems
it was decided to alter the speech and phoneme templates'
spectrum files.

In order to explain how the alterations were ac-
complished a review of how the recognition algorithm
operates for phonemes greater than one vector and how
Martin's program utilizes the file created for the tem-
plates and speech is needed. As stated in Chapter III, .
the recognition algorithm operates by comparing a phoneme
to the speechfile in a fashion similar to a sliding window.
The window is N vectors wide, where N is the number of vec- ;;:
tors in the phoneme template. The window slides through
the speechfile one vector at a time and has a distance value
calculated for each increment. What this in effect does is ;:‘
lengthen the speechfile by a factor of N. All speechfiles
used by Martin's program must have a spectrum of the speech-
file calculated. A header block of 256 works is also added
to this file. This header holds information such as speech-
file name, number of components per vector, and first and
last vector of the block of speech to be used in Martin's
program. Martin's program inserts this information from

menu selections and later uses this information to perform

the recognition routines.
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Alterations to the templates' spectrum file was
limited to changing values in the header block. For an
N vector phoneme template, the number of frequency com-
ponents per vector was increased by a factor of N. There-
fore if there are 32 frequency components per vector and
the phoneme length was four vectors, the altered vector
would have 128 frequency components. With each vector
made up of four 32 component vectors, the value for the
number of vectors in the template set also had to be changed.
Therefore the original value in the header block was di-
vided by N and this new value was substituted back into the
header.

Alteration of the speech spectrum file was more ex-
tensive than that involving the template spectrum file.
The value for the components per vector was changed to
match that of the template file. The value for the number
of vectors in the speechfile was also changed, In this
case, a value that is one less than the number of vectors
per phoneme is subtracted from the number of vectors in
the unaltered speechfile. The last alteration involved
the speechfile itself where it had to be altered to conform
to the recognition algorithm for multiple vector phonemes.
As stated earlier, the window was incremented one vector
at a time. To duplicate this effect in Martin's program,
the speechfile had to be lengthened by treating the vec=-

tors in the window as a single vector. In this manner,
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the contents in the window as it increments through the
file is sequently stored in another file as the altered
speechfile. An example of this procedure is shown in

figure 9 for a four vector phoneme template.

w.mdow !— vectors window
|
HHHH [lalsslslslals]
speechfile ,11 3‘,5 12 ",sf,fs '
t f \ A
N \ \
| | \ \
t ' \
ateered |i|;lslo ulealels o]
speechfile 1{21314 _1‘13 ‘.23,‘5.
a. .

Figure 9. Four vector phoneme template

The alteration routine was performed by a program
called CHNGFILE. As can be seen, if the sgpeechfile in-
volved was originally 88 blocks long the altered speechfile
would require an enormous amount of file space. Because
of the size of the file it also takes an extraordinary
amount of computer time to perform the computations in
the recognition routine. For an 88 block unaltered speech-
file this time can be on the order of 15 to 20 minutes,
even though using this procedure for multiple vector
phonemes precluded most interface problems with Martin's

program, one problem did surface. This problem came about
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when altered template sets and speechfiles were used for

three and five vector phonemes. In these cases, Martin's

program would run without displaying error conditions but
the output would show glaring mistakes. These mistakes

typically would show up as a sequence of phoneme choices

. AR I
RIS R AT
. -—rl.l PR 4

that was repeated throughout the speechfile or as a single

‘e e a0 asd 4
R

top phoneme choice that would appear at regular intervals
ii in the output. Because of time constraints, the problem
could not be located; but because it didn't show up using

single, two or four vector phonemes it was concluded that

the problem was tied to the number of frequency components
per vector, |

Since only multiples of 32 could be used for the num-
ber of frequency components per vector, a set of four vector
phoneme templates was created. This set was used instead
of the five vector phonemes in comparison testing using
Martin's programs. Because of the difference of only one
vector, it was felt that the results would still be valid
in the test cases. This assumption was proven out in a
comparison of results using four vector and five vector
phoneme templates in Seelandt's program. With this as-

sumption proven, the results from Martin's program

were modified by Beachy's program to present a more de-

]
scriptive output (Ref 7). This consisted of a listing ]
showing the top five choices for each vector in a speech- ifﬁ
file in a format similar to Seelandt's (Ref 2). The out- —
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put from Beachy's program was then modified to create a
file of the results that were compatable with TALK 2.

The results from the four vector phoneme templates, were
used as the basis of the comparison and established the

baseline.
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VI. Results and Recommendations

Initially, the purpose of the research project was
to analyze the results of speech recognition using various

length phoneme templates and determine which phoneme tem-

.‘,.v

plate set gave the best overall performance. A secondary
. effort during the research project was the synthesis of
speech using single vector phonemes as the source. The

synthesized speech was also used as a performance indicator

for the various length phonemes. 1In conjunction with the
development of synthesized speech, software was developed
to utilize Martin's program DRVR in the evaluation of

‘—* single, two and four vector phoneme templates.

'®

Results

Results from the recognition routines showed that
there was a gradual degradation as the length of the phoneme
decreases. Table IV lists the phonemes for each template
set that showed a degradation in performance when compared
to the five vector phoneme template set. There was a de-
finite pattern in the phonemes that tended to be dependent
on the phoneme length. These phonemes tended to be those
that had a larger variation in spectral components from

vector to vector, such as with the fricative and sibilence

sounds. If the phonemes had small variaties in the com-

ponents from vector to vector there were no significant
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changes in performance between single vector or five vector
phonemes. With the degradation resulting from the phonemes
in Table IV, the five vector phoneme templates had the best
overall performance.

The speech synthesis portion of this project almost
exclusively used the output generated by Martin's program.
The only time the output from Seelandt's program was used
was in verifying the software associated with Martin's
program. This was done by both visually checking the out-
put and then comparing the synthesized speech by recording
the two speechfiles simultaneously on the Ampex reel-to-
reel recorder. The tape was then played back and by lis-
tening to £he recording, a comparison could be made. This
same method was applied when comparing the synthesized
output for results using both M1 and M2 distances and the
single, two and four vector phoneme templates. This gave
a total of six separate synthesized speechfiles for each
speechfile that was run through the recognition routine.
Using the same speechfiles that were used for the first
portion of the research, the results from the four vector
templates sounded better than the other two template sets.
On the other hand there was very little difference in the
quality when comparing the two distances using the same
template set. This was further verified by examining the
printed outputs from the recognition routine. If a choice

had to be made, M1 had a marginal advantage over the M2
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Table IV

Phonema2s from each template
set that showed a degradation.

Template set Phoneme number

1 vector phonemes 2,3,9,11,20,21,25,29,
31,32,37,36,45,46,48,54
also confused phoneme 65 with 66 and 3 with 2

3,24,26,31,32,44,48,50,
51,67,69

2 vector phonemes

also confused phcneme 36 with 37
3 vector phonemes 20,25,31,32,37,40

also -onfused phconemes 9 with 10, 65 with 66
and 57 with 58
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distance but not enough to make a significient difference
in the results. The recognition and synthesis routines
were then run using speech other than Seelandt's. Using

a limited population of test subjects, the results were
divided as to which template set produced the best results.
Those that were familiar with the project picked the four
vector templates as the best, but those having no experience
with speech recognition tended to pick the single vector
templates as the best. During the interviews the inex~
perienced listeners said they picked the single vector
templates because there was less spurious noise in the
speechfile; The experienced listeners tended to pick the
four vector templates because of the better results in-
volving the fricative and sibilance sounds. Because of
this split, it also showed that as speech other than that
used to pick the phonemes was used, it became increas-
ingly more difficult to make a consistant judgement on
which phoneme template performed the best.

Recommendations

In a research project such as this that was so time
consuming, constraints had to be made to keep it at a
more managable size. Therefore, the following recommenda-
tions are made to gain more insight into the problem of
speech synthesis and speech recognition.

The first recommendation is to analyze the utterance

of useful words such as frequency, step, CCIP and develop-
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ing a more complete phoneme template incorporating phonemes
derived from these words. This will result in a phoneme
set that would be more universal and will be more useful
from a practical point of view.

A second recommendation involves decreasing the pro-
cessing time of Martin's program using multiple length
phonemes. A routine needs to be devised that will take
the output of any given phoneme template set that has been
used in Martin's program and perform a summation of the

distance using the equation:

k-1

o, (i) = 2.: Lien,j+h

Where: n = phoneme number
k = number of vectors per phonemes
h= 0’1’2’...-

i = vector of phoneme
j = vector of speechfile

I = distance value in results file from
Martin's program

This will preclude altering either the phoneme template
file or the speechfile. It should also decrease the pro-
gram run time and save file space.

The third recommendation involves the synthesized
speechfile. An attempt should be made to smooth out the
spectrum of the file to avoid sharp discrepancies in ad-

jacent vectors. In actual speech it is impossible, due
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to the structure of the vocal cords, to create sharp changes
in sounds, There is a transition between one phoneme to

the next and this factor should be simulated in synthesized
speech. This can be done by incorporating a decision routine
in the process that examines groups of vectors for drastic

changes in spectral components.
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L PROGRAM SPEECH O
File; SPEECH o
Language: Fortran 5 g:l
Date: October 19, 1982
E Author: J. Fletcher
"~ Subject: Phoneme Speech file creation
h Calling Sequence: SPEECH
ARGUMENT TYPE PURPOSE
h: ISPEECH String file name of speech file
ILENGTH Integer vector length of phonemes
IREC Integer component count for each one
ISIZE Integer record size for phoneme file
IPHON Integer pPhoneme number selected
IVECT Integer starting vector for selected
phoneme
INDEX Integer checks for best vector in a
block
IBLK Integer indexes to proper block of
speech
ISPCH Integer Array holds 2 blocks of speech read
from a file
ISTART Integer indexes to proper vector in a
block of speech
: IARRAY Integer Array holds the desired phoneme's
}f vectors pulled from ISPCH
Ef PURPOSE ;
;; This program is used to select the vectors or time slices
fi from a speechfile for a user chosen phoneme. The user can 7f
- 60
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h - select the phoneme he wants and the number of vectors for - d

ﬁ each phoneme. The file that is created by this program,
PHONFILE, can then be used as a phoneme prototype in

b program DRVR. _—

DESCRIPTION:

LOCATION: FLETCHER.DR )

ARGUMENT STRUCTURE:

ISPEECH = file name, 13 characters or less in -
Hollerith string format "

ILENGTH = no restriction as long as no end of :
file error is returned ]
IPHON = any number, 0 will end the program; —
there is no limit on how many can be - 4

created '

IVECT = must be within the bounds of the .
speechfile and must be nonzero 'J
"]
R
PROGRAM USE: f,i
This program can use any speechfile that has been o
created in block format. This program will select the -
desired time slices from the speechfile and put them in ]

another speechfile called PHONFILE. The record number

in PHONFILE corresponds to the chosen phoneme number.

This file can then be run through DRVR to create a
spectrum file that is used as a prototype file in the

distance measurement subroutines of program DRVR.
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FILES CREATED: —
PHONFILE: digitized speechfile created in a
record format. Each record number corresponds to a

phoneme number; in this case, there are 71 records. _._d
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1 1] PROCRAN: S PEECH 1]
FT] e
L 1] WRITTEN BY: 1]
T e
# CAPT JANES E. FLETCHER #»
" 'Y
% T
11 DATE: 19 0OCT 82 e
% 1

ERRRERERBRERRERENBRRRRERRRRERRRURERRREERRE
(3222222222222 22 2222222242022 222222

MOTE: This program is for Fortran 5.

This progras creates a speech file of phonemes from
eristing digitized speech files that are in block
format. This is done by alloming the user to extract
up to 3 consectutive vectors (time slices) of speech
from the identified speech file. The vectors are then
stored in another speech file, PHONFILE, as a record
corresponding to the phonese nusber selected by the user,
This program alsoc allows the user to select a different
speech file by typing “0" as a phoneame nuaber and then
following the program’s instructions,

DINENSION ISPEECH(13), ISPCH(512), IARRAY(320)

TYPE"THIS PROGCRAM CREATES A SPEECH FILE OF PHONEWES,"
TYPE“USING SELLECTED VECTORS FROM EXISTING SPEECH FILES.”
TYPE" "

ACCEPT"NAME OF SPEECH FILE T0 BE USED: "

READ{11,10) ISPEECH(1)

FORMAT(S513)

CALL OPEN(1,ISPEECH,1,IER1) jChannel to speech file
CALL CHECK(IER1)

ACCEPT"LENGTH OP PHONEMES: “,ILENCTH
1IREC = ILENGTH # 44 sNusber of components to be
3 extracted from speech file,
ISIZE = IREC » 2 iRecord size for new speech file
OPEN 2,"PHONPILE" ,LEN=ISIZE s0pen new speech file
ACCEPT"ENTER PHOMENE NUMBER (0=STOP): " ,IPHON
1F(IPHON ,EQ, 0) GO TO 25 H Check for user
{1 santing to stop

ACCEPT"STARTINC VECTOR NUMBER:",IVECT: Beginning vector
3 of speech to be extracted

jCheck for vector being

t last vector in block

INDEX = NOD(IVECT,4)
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25

IBLK = ((IVECY + 4) / 4) -} jIndexing for proper
sblock
IFCINDEX .EQ, 0) IBLEKs(IVECT/4)-1 3If last vector of,
sblock sust have different
jindexing equation,
CALL RDBLX(1,IBLX,I1SPCH,2,1ER2)
IF(IER2 .NB. 1) TYPE"RDBLK ERROR = “,IER2
ISTART = (MOD(IVECT,4) - 1) # &4 j;lIndexing to get proper
3 vectors, using mcdulo 4
IFCINDEX .EQ. 0) ISTART=3axé4  ;If last vector of block,
jaust have different indexing equation.
D0 20 121,IREC
IARRAY(I) = ISPCH(I+ISTART) 3;Put desired fragment of
3 speech in an array
CALL WRITRW(2,IPHON,IARRAY,1,I1ER]) sPut in PHONFILE
IF(IER3 ,NE, 1) TYPE"WRITRW ERROR = *,IER3
G0 10 15 sReturn to get another fragaent
jof speech
CALL RESET
ACCEPT"DD YOU WANT ANOTHER SPEECH PILE?(1=Y/0=N) ",IANS
IF(1ANS +EQ. 1) €0 TO 5
SToP '
END
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PROGRAM TALK2

File: TALK2
Language:; Fortran S
Date: October 19, 1982
g Author K. Seelandt modified by J. Fletcher
1
] Subject: Speech Synthesis
i Calling Sequence: TALK2 Input file Output file
ARGUMENT TYPE PURPOSE
OUTFILE String file name of resulting
synthesized speech
ouT3 String file name of top phoneme
choice from the recog-
nition programs
JUNK, JUNK2 Integers time slice numbers from
JUNK3, JUNK4 ouT3 file
Pl1,P2,P3,P4 Integers top phoneme choice for
four consecutive time
slices
SPEECHOUT Integer Array holds the corresponding
speech time slices for
chosen phonemes for
OUTFILE
SPEECHIN Integer Array holds the corresponding
speech time slices from
file PHONEMES
PURPOSE:

This program is used to create a speechfile that has

been synthesized using the top phoneme choice from a recogni-

tion routine, for each time slice. The input file is a

binary of these top choices.
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DESCRIPTION:

LOCATION: FLETCHER.DR

ARGUMENT STRUCTURE:

OUTFILE = name of the speechfile to be created in
a 7 character Hollerith string format
ouT3 = name of the input binary file holding

the top choices in a 7 character
Hollerith string format

PROGRAM USE:

This program is used to give an audible indication of
how well the recognition routine worked in choosing the
correct phoneme. The program uses a speechfile, PHONEMES,
of phonemes created in record format. The phoneme value,
from OUT3, for each time slice is then used to pick the
corresponding speech phoneme and these are strung together

to create a new speechfile in block format.

FILES CREATED:
OUTFILE: file name is user defined; holds the
synthesized, digitized speech and is written in block

format.
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COMPILE IN FORIRAN V

This progras is used to create digitized
speech using an OUT3 file such as the one created by
LISTER4 (ref. Seelandt's programs). Speech gener-
ation is done using a speech file of the single vector
phonenes stored individually as records corresponding to
their phoneae numbers.{This file is PHOMEMES,) The
top choice fros the recagnition routine for each tiae
slice is stored in OUT3., This program then reads
that top choices and places the corresponding phonese
in another speech file. Since this is done sequentially,
a2 phonese at a particular time slice corresponds directly
to the top phoneme choice for a particular time
stice listed in OUT3.

INPLICIT INTEGER (A-Z) 3All variables are integers
DINENSION N1(7)

INTEGER OUTFILE(7), SPBECHIN1(44), SPEECHOUT(256),
SPEECHIN2(44), SPEECHIN3(44), SPEECHINA(464), OUTI(7)
CALL IOF(2,M1,0UT3,0UTFILE,11,02,12,13,14)

CALL OPEN{1,"PHOMEMES",t,128,1ERQ)

IF(IERO .NE. 1) TYPE"ERROR OPENING FILE = ",1ERO

OPEN 2,0UT3 sOpen channel to OUT3.
DELETE OUTFILE 3Nake sure there is no
CALL CPILW(OUTFILE,2,IER) sand create specified file,

CALL CHECK(IER)

OPEN 3,0UTFILE

COUNT = 0 tIndex used to increment block nuaber in
ispeech file

READ BINARY(2,END320) JUNK, P1, JUNK2, P2,

JUNX3, P3, JUNK4, P4 ;0UT3 file is set up listing time
§slice nusber and corresponding top
tphonene choice,

CALL READRM(1,P1,SPEECHINL,1,JER) {Read phoneae

IFC(JER ,NE, 1) TYPE"JER = " ,JER jfros phoneme

CALL READRW(1,P2,SPERCHIN2,1,KER) tspeech file
67
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IF(KER .NE. 1) TYPE'EER = *,KER
CALL READRW(1,P3,SPEECHIN3,1,LER)
IP(LER .NE. 1) TYPE"LER = " ,LER
CALL READRU(1,P4,SPEECHINA,1,NER)
IF(NER .NE. 1) TYPE"MER = " ,NER

DO 10 I=1,64

SPEECHOUT(I) = SPEECHINI(I) $Put the four phonemes
SPEECHOUT(I+44) = SPEECRIN2{I) 3iinto one array to
SPEECHOUT(I4+128) = SPEECHIN3(I) j3create a block
SPEECHOUT{1+4192) = SPEECHIN4A{I) ;of speech.

CONTINUE

CALL WRBLK(3,COUNT,SPEECHOUT,1,NER) ;Put block of speech
IF(NER ,NE. 1) TYPE"WRBLK ERROR: “,NER 3in speech file,
COUNT = COUNT »+ 1 iIncresent block counter

GO 10 1 ;Start over and continue until come to
send of OUT3,

WRITE(10,30) OUTFILE{1)

FORMAT("FILE ",513,° HAS BEEN CREATED.")

CALL RESET

STOP

END
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PROGRAM PLOTPHON

Fille: PLOTPHON
Language: Fortran 5
Date: September 28, 1982
Author J. Fletcher
_ Subject: phoneme recognition
“ Calling Sequence: PLOTPHON
Subroutines used: RDOUT1, RDOUTS, GRPH2
E ARGUMENT TYPE PURPOSE
% INCHOICE INTEGER For choosing a routine to read
. either an OUT1l or OUTS5 file
ouTl string file name to be read
TITLE string Information to be printed with
graph gives words spoken and
speaker
IPHON Integer Phoneme number to be plotted
IPRINT Integer For choosing whether or not to

print out amplitude file.

PURPOSE:

This program is used to show graphically when a user
chosen phoneme is picked as a top five choice in a speech-
file. The graph is plotted on the Tektronix 4010-1 Graphic
Terminal along with the phoneme number, the file used, the
words spoken, and the speaker.

DESCRIPTION:

LOCATION: FLETCHER. DR 1
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ARGUMENT STRUCTURE;

ICHOICE = 1 for choosing an OUT1 file or 0 for choosing
an OUTS5 file

ouTl = the desired file to be used in Hollerith
string format
TITLE = works spoken and speaker in Hollerith string
format
TPHONE = 01 to 71 for OUT1 files or 001 to 071 for
- OUTS5 files
4 .
II IPRINT = 1 to print resulting amplitude file, 0 other-
, wise

PROGRAM USE:
This program can use the recognition results for a given
speechfile that has been run through either Seelandt's

recognition routine, TRYDISTS and LISTER4, or Martin's recog-

nition routine, DRVR. The top five phoneme choices from
Seelandt's routine are stored in file OUT1. File OUTS is
created by taking the file of Martin's top five choices and
running it through program TOP5. OUT1 and OUT5 can have any
file name and are referred to as OUT1 and OUTS only to dif-
ferentiate between the two types of files since they are
formatted differently.

In order to load this program the load line must be:

RLDR PLOTPHON RDOUT1 RDOUT5 GRPH.LB
@FLIB@

Make sure you have linked to GRPH.LB which is in directory
DP4F,
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PROCRAN PLOTPHON

]
. *
* %
* ]
®  WRITTEN BY: JANES E. FLETCHER &
L] *
& DATE: 28 SEP 82 *
» ]
* #
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NOTE: This progras is for Fortran 5.

PLOTPHON uses a file of the top five phoneme choices and
their associated scores for each time slice.
These files are the OUTL files created by PHDIST and CHOICES
and the OUTS files created by DRUR, its associated subroutines
and by LISTTOPS, PLOTPHON searches each time slice for a user
selected phoneme. If one is found it's associated score is
placed in an array. If one is not found for that time slice, a
zero is placed in the array. The array of scores is then normai-
ized to a value betweenaone and zero. The scores are them plot-
ted on a graph with the phoneae score on the Y-axis and the tiase
slice nusber on X-axis, This progras utilizes three subroutines:
GRPH.LB, RDOUT1, RDOUTS, Subroutine RDOUTI reads QUT1 files,
searches for the desired phoneme and its score, norsalizes that
score and returns the array of scores to the main program.
Subroutine RDOUTS does everything RDOUTidoes but reads OUTS
files instead of OUTY files, GRPH.LB is a packaged library
subroutine that plots graphs. A pasphet is available for GRPH.LB.

WOTICE: This progras should used only on the TEXTRONIX 4010
teainal,

DIRENSION SCARRAY(400), OUT1(13), TITLE(30), ISAID(50), ISPEAKR(13)
10PT = 0

TYPE"THIS PROGRAM CAN USE TMO TYPES OF FILES,"

TYPE"EITHER OUT1 OR OUT5 FILES.”

ACCEPT"DO YOU MANT AN OUT1 OR OUTS FILE?(1=0UT1/0s0UTS)",ICHOICE
ACCEPT"NANE OF FILE: -

READ(11,3) OUT1(1)

FORMAT(S13)

ACCEPT"WORDS SPOXEN AND SPEAKER: -

READ(11,4) TITLE(1)

FORNAT(830)

________

CALL OPEN(2,0UT1,1,IER1)3 This allows the cosputer to read the OUT1 file,

CALL CHECK(IER1)3 Check for an error during file opening.

TYPE"NOTE:

TYPE® T0 CONTINUE AFTER CRAPH HAS BEEN DISPAYED,"

TYPE® HIT ANY XEBY, "

IFCIOPT .EQ. 2) GO 10 9

IFCICHOICE .EQ, 1) €O 10 73 Phonens forsatted differently for
$0UTH.

ACCEPT"ENTER PHONERE NUMBER (001 10 071): *

READ(11,4) IPHON

71
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[ FORNAT(I3)
GO 10 9
7 ACCEPT"ENTER PHONEME NUWBER (01 10 71): ™
READ(11,8) IPHON
FORNAT(A2)
ACCEPT"DO YOU WANT TU PRINT OUT ANPL. FILE? (1sY/0=N) ",IPRINT
ININ = 8003 No score should ever exceed this value,
INAX = 0
ICONT = 0§ Initializes flag for counting no. of times phoneme
s appears in OUTL or OUTS file.
IFCICHOICE .EQ. 1) CALL RDOUTL{MAX,MIN,ICONT,SCARRAY,IVECT,
/ 1PHON,INAX,ININ)
IF(ICHOICE JEQ., 0) CALL RDOUTS(MAX,MIN,ICONT,SCARRAY,IVECT,
/ 1PHON,IRAX,IRIN)
60 IF(ICONT .GT. 1) GO TO 65
WRITEC(10,41) IPHON, ICONT;f phoneme appears .LT. two times
61 FORMAT(//,A2," APPEARS ONLY ",I1," TIME(S),"); the program is
TYPE"PROGRANM UNABLE TO CENERATE AN OUTPUT."; wunahle to plot
3a graph,
ACCEPT"TYPE ANY NUMBER TO CONTINUE, ",l1PAUS
G0 T0 90
45 CONTINUE
DO 70 1s1,IVECT; Perfors the normalization
IF(SCARRAY(I) .GT. 0) SCARRAY(I)=((SCARRAY(I)-NIN)/(HAX-MIN))
70 CONTINUE
IFCIPRINT .NE. 1) GO TO 825 Skip if don't want array printed.
IFCICHOICE .EQ. 1) GO TO 745 Phoneme formatted differently for
s0UTL,

~ o

MRITE(12,71) IPHON
71 FORMAT(™ ANPLITUDES FOR PHONEME ",I13,//)3 Header info for

WRITE(12,75) IPHON iprintout
75 FORMAT(" ANPLITUDES FOR PHONERE “,A2,//)3; Header infa for
WRITE(12,74) QUTI(1) jprintout

76 FORMAT(" FROX FILE ",513,//)3 Header info for print out,
WRITE(12,80) (SCARRAY(I1), I=1,IVECT); Print hard copy of score

80 FORH“T(SX,F6.3,5X,F6.3,5X,F6.3,5X,F6.3,5X,F6.3) jarray
WRITE(12,81) WAX, NMIN

81 FORMAT(//,5X,"NAX SCORE = ",F4.0,5X,"MIN SCORE = ",F4.0)

82 CALL GRPH2("PHONENE ANPL.",1,SCARRAY,U,IVECT,0,XWIN,XNAX,0)

GRPHZ is the subroutine that plots the normalized scores on
a graph,

IF(ICHOICE .EQ. 1) GO TO 44
‘ WRITE(10,83) IPHON, OUT1{1)3; Header info for graph,
43 FORMAT("ANPLITUDES FOR PHONEME » ",13,” FRON FILE ",513)
GO T0 &%
84 WRITE(10,85) IPHON, OUTi(1)3 Header info for graph.
85 FORWAT{"ANPLITUDES FOR PRONEME & *,A2," PROM FILE ",S513)
86 WRITE(10,87) TITLE(1)3 Header info for graph,
87 FORWAT(“WORDS SPOXEN AND SPEAKER: ",530)
READ(11,88) IPAUSE
88 FORMAT(S1)3; Pause until user ready to clear sceen.
90 CALL RESEY
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CALL ERS(1)3 Subroutine to erase the screen.
CALL TDELAY(2)3 Delay to allow time to clear screen bhefore

jcontinuing.

TYPE"OPTIONS:"

TYPE"
TYPE"
TYPE"
TYPE"
TYPE"

)
2,

3
4.

USE SANE FILE, BUT DIFFERENT PHONEME."

GET DIFFERENT FILE, BUT USE SAME PHONENME.(MUST BE"
SANE TYPE FILE, EITHER OUT1 OR OUTS)"

GET DIFFERENT FILE AND DIFFERENT PHONEME."

END PROGRAM,"

ACCEPT"ENTER OPTION NUMBER: ",IO0PT
IF(I0PT .EQ, 1) GO TD S
+EQ, 2) GO T0 2
IF(10PT .EQ, 3) GO TO 1

IF{I0PT

sToP
END
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SUBRQUTINE RDOUT1

File: RDOUT1

Language: Fortran 5

Date: September 28, 1982

Author: J. Fletcher

Subject: Reading output file of program CHOICE
Calling Sequence: Call RDOUT1 (MAX, MIN, INCONT, SCARRAY,

IVECT, IPHON, IMAX, IMIN])

ARGUMENT TYPE PURPOSE
MAX Real Maximum distance for specific

phoneme in speechfile

MIN Real Minimum distance for specific
phoneme in speechfile

ICONT Integer Count of the number of times
specific phoneme shows up in
output file

SCARRAY Real Array Array of distances for specific
phoneme

IVECT Integer Time slice number where phoneme
was chosen as a top five choice.

IPHON Integer Selected phoneme number for which
distances are taken from output
file

IMAX Integer Maximum distance for specific

phoneme in speechfile

IMIN Integer minimum distance for specific
phoneme in speechfile

PURPOSE:
This subroutine is used in program PLOTPHON anu reads

the value from the output file of program CHOICE, OUT1.
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DESCRIPTION;

f

= Location: FLETCHER, DR
ARGEMENT STRUCTURE:

MAX = Used to compute the amplitude of the dis-
tances in main program.

MIN = Used to compute the amplitude of the dis-
) tances in main program
L -
3 ICONT = Used as a flag to notify user there are not
E enough distance values to plot a graph.
SCARRY = Passes distance values to main program:
these will be converted to distance
» amplitudes.
L IVECT = Used in graph routine to number points on
? X-axis,
n IPHON = Can be an integer from 01 to 71; used to
: pick out corresponding distances in OUT1
file
.r: IMAX = 1Ipitial maximum value passed to subroutine
IMIN = Initial minimum value passed to subroutine

PROGRAM USE:

This subroutine is to be used with its main program,

PLOTPHON. It is to be loaded in the fashion illustrated in
the documentation for program plotphon. It will only read

a file of the top five phoneme choices that has been for-

bahen

e

matted in the same manner as the OUT1 file created by program C
o d

CHOICE. '
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SUBROUTINE RDOUTL(MAX,NIN,ICONT,SCARRAY,IVECT,IPHON,INAX,ININ)

» .
¢ ROUTINE RDOUT "
" *
&  WRITTEN BY: JAMES E. FLETCHER *
. %
& DATE: 28 SEP 82 *
* *
» *

BEERRERRRRRRRRRBRRRRNRRRRERRERIRRRENES

NOTE: This program is for Fortran 5.

Routine RDOUT1 is used by the main program PLOTPHON,
It uses the initialtized flag, ICONT; the desired phoneme, IPHON,
and the initialized maximum and msinimus scores, INAX and IRIN,
It returns to the main program the updated floating point
aaxisum and sinisum scores, MAX and MIN; the updated flag,
ICONT; the number of time slices in the OUT1 file, IVECT, and
the array of scores. RDOUT1 goes to the OUTL file and searches
for the desired phoneme, Upon locating it, it places its
score in the array at the corresponding tise slice nuaber,
Every tise it finds the desired phoneme it also increments
ICONT, It also checks to see if the score is a new
saxisum or a new minisua.

DINENSION SCARRAY(400)
DO 8 121,400
SCARRAY(I) = 0
CONTINUE
READ(2,20,END=60) IVECT, IPHON1, IVAL1, IPHON2, IVAL2, IPHON3,
IVAL3, IPHON4, IVAL4, IFHONS, IVALS ; Read in phonemes 3 scores
FORMAT(3X,14,3X,42," ",13,2X,A2," ",13,2X,A2," ",I13,
2X,A2," *,13,2X,42," *,13)
These if statements check to see if any of the phonemes match
the desired phoneme, If a match is found, its score hecomes
ISCORE and ICONT is incremented.

IFCIPHON .EQ. IPHON1) GO 10 30
IFCIPHON .EQ. IPHON2) GO TO 31
IFCIPHON .EQ. IPHON3) GO T0 32
IF(IPHON .EQ. IPHON4) GO TO 33
IFCIPHON .EQ. IPHONS) GO T0 34
G0 T0 10

ISCORE = IVAL}

ICONT = ICONT + 1

€0 10 40

ISCORE = IVAL2

ICONT = ICONT + 1

€0 T0 40

ISCORE = IVAL3

ICONT = ICONT ¢+ 1

€0 10 40

ISCORE = IVAL4
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ICONT * ICOMT + 1

GO 10 40
i ISCORE = IVALS
ICONT = ICONT + 1
40 IF(ISCORE ,GT. INAX) IMAX = ISCORE; Sets INAX to the highest
1score
IF(ISCORE .LT, IRIN) IMIN = ISCORE; Sets IMIN to the lowest
3score.
SCORE = FLOAT(ISCORE); Change to floating point
MAX = FLDATC(INAX) ihumbers

MIN = FLOAT(IMIN)
SCARRAY(IVECT) = SCORE; Put score into array.
GO 10 105 Continue until end of file is reached.
80 RETURN
END
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SUBROUTINE RDOUTS5

File: RDOUTS
& Language: Fortran 5
f Date: September 28, 1982
; Author: J. Fletcher
! Subject: Reading output file of program TOPS

Calling Sequences: Call RDOUTS (MAX, MIN, ICONT, SCARRAY,
IVECT, IPHON, IMAX, IMIN])

ARGUMENT TYPE PURPOSE

MAX Real Maximum distance for specific
phoneme in speechfile

MIN Real Minimum distance for specific
phoneme in speechfile

ICONT Integer Count of the number of times
specific phoneme shows up in out-
put file

SCARRAY Real Array Array of distances for specific
phoneme

IVECT Integer Time slice number where phoneme
was chosen as a top five choice

IPHON Integer Selected phoneme number for which
distances are taken from output
file

IMAX Integer Maximum distance for specific

phoneme in speechfile

IMIN Integer Minimum distance for specific
phoneme in speechfile

PURPOSE:

This subroutine is used in program PLOTPHON and read the

values from the output file of program TOP5, OUTS.

!
ad
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DESCRIPTION;

Location;

FLETCHER. DR

ARGUMENT STRUCTURE:

MAX

MIN

ICONT

SCARRAY

IVECT

IPHON

IMAX

IMIN

PROGRAM USE:

Used to compute the amplitude of the dis-
tance in main program

Used to compute the amplitude of the dis-
tance in main program

Used as a flag to notify user there are not
enough distance values to plot a graph

Passes distance values to main program;
there will be converted to distance ampli-
tudes

Used in graph routine to number points on
X-axis

Can be an integer from 02 to 71; used to
pick out corresponding distances in OUT1
file

Initial maximum yalue passed to subroutine

Initial minimum value passed to subroutine

The subroutine is to be used with the main program,

PLOTPHON. It is to be loaded in the same fashion as out-

lined in the documentation for program PLOTPHON. It performs

the same function as subroutine RDOUT1, but will only read a

file formatted in the same manner as the OUTS file created

by program TOPS.
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SUBROUTINE RDOUTS(MAX,MIN,ICONT,8CARRAY,IVECT,IPHON,INAX,ININ)

ROUTINE RDOUTS

& *
] ]
% ]
* URITTEN BY: JAMES E. FLETCHER »
* *
* DATE: 28 SEP 82 ¥
* *
% *

NOTE: This program is for Fortran 5,

Koutine RDOUTS is used by the main program PLOTPHON.
It uses the initialized fiag, ICONT; the desired phoneme, IPHON,
and the initialized maximum and minisum scores, INAX and ININ,
It returns to the main program the updated fiag, ICONT; the
nuaber of time slices, IVECT, in the OUTS file and the array
of scores. RDOUTS goes to the OUTS file and searches for the
desired phoneme. Upon locating it, it places its score in the
array at the corresponding time slice number, Every tinme it
finds the desired phoneme it also increments ICONT. It also
checks to see if the score is a new maximsum or a nem minimum,

xR s N N s e N N e N N s N e N N e N N e N N e Ny Ny Ny N N Ny

DIMENSION SCARRAY(400), ISAID(30), ISPEAKR(13)
DO 8 I=1,400
SCARRAY(I) = 0
) CONTINUE
The folloming seven READ statements just reads off the OUTS
file header to get you into the main body of the file,

Lar W B o |

READ(2,11) ISAID(1)

11 FORMAT(15X,"SENTENCE SPOXKEN : ",550,/)
READ(2,12) ISPEAKR(1)

12 FORMAT(19X,"SPEAKER WAS : =,513,/)
READ(2,13) IDATE

13 FORMAT(15X,"THE DATE 18--",213,15)
READ(2,14) IHOUR, ININ, ISEC

14 FORMAT(15X,"THE TIME IS--",313,//)

READ(2,15)

READ(2,14)

READ(2,17)
Crrnnnns

/ 3X,"FOURTH" ,4X,"FIFTH",7X,"SCALE",4X,"VECTOR")
16 FORMAT(4X,"NUNBER",3X,"CHOICE",3X,"CHOICE",3X,"CHOICE",

15 FORMAT(4X,"VECTOR",4X,"FIRST",3X,"SECOND" ,4X,"THIRD", -
;
/ 3X,"CHOICE",3X,“CHOICE",4X,"FACTOR" ,6X,"ENERGY") ]

17 FORMATCAX " muaunu™ 2K, " Rassuun® 2X , " #REnaan" 2K, " #uunnus", :
72X CRRRREEET 2K, CRERREEET S RNRRRERT 5K, T RRRRRER",/)
10 READ(2,20,END=60) IVECT, IPHON1, IVAL1, IPHON2, IVAL2, IPHON3, T
/ IVAL3, IPHON4, IVAL4, IPHONS, IVAL5; Read in phonemes and
jscores,
20 FORMAT(5X,14,3X,13," ",13,2%X,13," *,13,2X,13," “,I13,
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30

31

32

33

34

40

40

/

2X,13,* *,13,2%,13," *,13)
These IF statements check to see if any of the phonemes match
the desired phonese:. If a match is found, its score becomwes
ISCORE and ICONT is incremented.

IF(IPHON .EQ. IPHON1) GO TO 30
1F(IPHON ,EG. IPHON2) GO TO 31,
IF(IPHON .EQ. IPHON3) GO TO 32
IF(IPHON ,EQ. IPHON4) GO TO 33
IFCIPHON .E@. IPHONS) GO TO 34
G0 TO 10

ISCORE = IVALL

ICONT = ICONT + 1

GO T0 40

1SCORE = IVAL2

ICONT = ICONT + 1

GO TO 40

ISCORE = IVAL3

ICONT = ICONT + 1

GO TO 40

ISCORE = IVAL4

ICONT = ICONT + 1

GO TO 40

ISCORE = IVALS

ICONT = ICONT + 1

IFCISCORE .GT. IMAX) INMAX = ISCORE; Sets IMAX to the highest

jscore,
IF(ISCOKRE LT, ININ) ININ = ISCOREy Sets IMIN to the lowest
jscore,
SCORE = FLOAT(ISCORE); change score to fioating point
NAX = FLOAT(INAX) snusber,
MIN = FLOAT(ININ)

SCARRAY(IVECT) = SCORE; Put SCORE into array.
G0 T0 103 Continue until end of file is reached,
RETURN
END
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File:
Language:
Date:
Author:

Subject:

Calling Sequence:

ARGUMENT

IFILE

IHEADER

ILAST

IRRAY

ISLICE

IVAL1-IVALl12

IPHON

DESCRIPTION:

Location:

PROGRAM GENOUT3

GENOUT3

Fortran 5

November 2, 1982

J. Fletcher

Generation of top choice file

CHNGFILE
TYPE PURPOSE
String file name of top 5 phoneme

Integer Array

Integer

Integer Array

Integer

Integer

Integer

FLETCHER. DR

ARGUMENT STRUCTURE:

IFILE

PROGRAM USE:

distances

leader information of top 5
file

number of time slices in speech-
file

holds one block information
from top 5 file

time slice number of top 5
phoneme choice

unused values from top 5 file

top phoneme choice for a time
slice

name of top 5 phoneme distances from DRVR:
formatted in 13 character Hollerith string

This program creates an OUT3 file to be used as an input
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...............................................

file for program TALK2. It uses a file created by DRVR when
the option, choose 5 best distances, is used.

FILES CREATED:

TEMFILE = contains everything that is in IFILE
except the header block: written in block
format

ouT3 = contains the time slice and corresponding

top phoneme choice: written in WRITE
BINARY format

=

“"J‘AJJ e et
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10

20

T 1
1] PROGRAN: CENOUT3 (1]
'Y e
1 BY: CPT JANES E., FLETCHER T
L 1 e
11 DATR: 2 NOV 82 11
e T

RREERRRER R RN RN RN RN
NOTE: THIS IS FOR FORTRAN 5.

This program takes the file created by DRVR for the five best
distances when a speech file is banged against a phonese file and

creates an OUTI file. The OUT3 file is a list of the time slices in

a2 speech file and its corresponding top phoneae choice.,

The OUT3 file, once created, can now be run in program TALK2 to
resynthesize the speech recognized hy DRVUR. This gives an audible
indication of how well DRVR did at recognizing speech.

DINENSION IARRAY(256), IHEADER(254)

ACCEPT"FILE NAME OF TOP § DISTANCES FROM DRVUR: "
READ(11,5) IFILE
FORMAT(S13)

CALL OPEN(1,IFILE,1,IER1)
CALL CHECK(IER1)

CALL FOPEN(2,"TENFILE™) 3 File used to temporarily stare
ithe top 3 choices minus the header block,
CALL RDBLX(1,0,IHEADER,1,1ERD)

CALL CHECK(IERO)

ILAST = IHEADER(41) sValue for ® of time slices in speech file.
TYPE"ILAST = “,ILAST
ISTART! = 1 3 Start block for reading taop 5 file.

ISTART2 = 0 3 Start biock for writing to TENFILE.

CALL RDBLK(1,ISTART1,IARRAY,1,IER2) 3 Read top 5 file,
IF(IER2 .EG, 9) GO TO 20

ISTART1 = 1START1 + 1§ Increment to next block.

CALL WRBLK(2,ISTART2,IARRAY,1,I1ER3) $ Write to TEWFILE.
CALL CHECK(IERJ)

ISTART2 = ISTART2 + 1 jIncrement to next block.

60 T0 10

CALL RESET

TYPE“TENFILE WAS BEEN CREATED."

CALL FOPEN(2,"TENFILE™)

CALL DFILW("OUT3",IERS)

IP(IERS .NE., 1) TYPE "1EBRS = ",IER3

CALL FOPEN(3,"0UT3")

A string of values is read in to qet the time slice nuaber
(ISLICE) and phanese number (IPHON), Reading in the string
of values after IPHON sets you up to read in the next time
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30

40

slice number.,

READ BINARY(2,END=40) ISLICE, IVAL1, IVAL2, IVAL3, IPHOM, IVAL4,
IVALS, IVALé, IVAL7, IVALS, IVAL?, IVAL10, IVAL11, IVAL12
WRITE DINARY(3) ISLICE, IPHON ;Write time slice & its top

phoneme to OUTI.

3
IFU{ISLICE .E@. ILAST) GO TO 40 3§ Check for last time slice number (In case
i

G0 TO 30
CALL RESET

CALL DFILW("TEMFILE",IER4)

CALL CHECK(IER4)

top 5 file overruns speech file,

Delete teamporary file holding
top 5 choices.

-e P9

TYPE“TERFILE HAS BEEN DELETED.”

TYPE" *

TYPE"OUTI HAS BEEN CREATED."

SToP
END
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PROGRAM CHNGFILE

File: CHNGFILE

Language: Fortran 5

Date: November 1, 1982

Author: J. Fletcher

Subject: Spectrum file for program DRVR

Calling Sequence: CHNGFILE

ARGUMENT TYPE PURPOSE

IFILE String identified spectrum file to
be used

INEWFIL String identifies file name for
altered spectrum file

IHEADER Integer Array holds header information of
spectrum file

ICOMP Integer number of frequency components
per time slice

IHEADER (56) Integer number of time slices in
spectrum file

SPCHARY Real Array holds 2 blocks of spectral
components

ILENVAL Integer number of time slices in
spectrum file; user can alter
IHEADER (56) for using SPENPLOT

ILENGTH Integer time slice length of phonemes

ARRAY1 Real Array altered spectrum of speechfile

-PURPOSE:

This program alters the original spectrum of a speech-
file that has had a 64 point DFT performed on it. This allows
DRVR to perform 2 to 4 vector phoneme recognition on a speech

file.
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DESCRIPTION:

Location:

FLETCHER. DR

ARGUMENT STRUCTURE:

IFILE

INEWFIL

ICOMP

ILENVAL

ILENGTH

PROGRAM USE:

name of original spectrum file created by
DRVR: formatted as a 13 character Hollerith
string

name of spectrum file alter by CHNGFILE in
13 character Hollerith string format

integer that is a multiple of 32

integer value equal to original number of
time slices when SPENPLOT (ref 7) is to
be used

integer value of 2 or 4 depending on phoneme
length used as prototype

This program is to be used only on a spectrum file for-

matted as the spectrum file created by program DRVR (Ref 6).

In this spectrum there is a one block header attached to

the file and every thirty-second element is the energy of

that time slice.

This program is to be used on both the

spectrum of the speechfile and the phoneme speechfile.

FILES CREATED:

INEWFIL:

file name is user defined: holds altered
spectrum components and is written in block
format with a one block header attached and
each thirty-second component is a constant
l.0.
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| s  PROGRAM: CHNGCGFILE LA
S 11 1}
B #x  BY: CPT JANES E. FLETCHER L
[ 1 1
- 5% DATE: 1 NOV 82 Ld

*e 113

B AR AR R RN R RN RN RRR RN RN
NOTE: THIS PROGRAM IS FOR FORTRAN 3.

Basicaltly, the purpose of this program is to alter the spectrum
files created by Martin's DRVR program in order to perfors phoneme
recognition on speech files using different length phoneme templates.
This program perforss tmwo tasks:

1. It takes the spectrum file of the phoneme template and
sets the energy value to the constant 1.0, this is the

first word in each group of 32 words making up a time slice’s
frequency components. [t a so changes the information in

the header block so that the correct number of components are
hanged against each other(i.e. for a 4 vector phoneme, a qroup
of 128 components must be banged together), The other

vaiue to be changed in the header block is the nuaber of
vectors in the new spectrus file (this depends on the number
of vectors per phoneme).

I TOOCOoOOMOOOOOOO OO0

2, [t takes the spectrum file af the speech file and perforas

c the same task as with a phoneme spectrum file, plus it
¢ expands the spectrum file. This expansian is based on the
c aigoritha used when performing distance seasuring wmith a
c speech file and a phoneme teaplate set as in Seelandt’s
C program. The speech file is divided into groups of vectors
C shere the nuamber of vectors per group is equal to the number
C of vectors per phoneme template., There is also an overlap
c s1th the groups such that the beginning vector of 2 one
c group of vectors was the secand vector of the last group
¢ of vectors.,
L
c The resulting spectrus files can then be run in DRVR, making DRVR
c perfora phoneae recognition using 1, 2, and 4 vector phonemes as
€ teaplates,
c
c
DIMENSION IHEADER(254), SPCHARY(256), ARRAY1(4640), IFILE(13), INEWFIL(1)
TYPE"1S THE FILE 70 BE MODIFIED FROW"
TYPE"A SPEECH FILE OR A PHONEWE FILE?"
] ACCEPT"(TYPE 0 FOR SPEECH OR 1 FOR PHONEWE): ",1ANS
TYPE "
} TYPE"ENTER NANE OF SPECTRUM FILE"
1F A IFCIANS ,EQ@, 1) ACCEPI"TO BE USED AS A PHONEME FILE: "
LPCIANS .BQ, O) ACCEPT"TO BE USED AS AM OBSERVATION FILE: "

S READ(11,5) IFILE(1)
[ S FORMAT(S13)

#j 88
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CALL OPEN(1,IFILE,1,IER1)

CALL CHECX(1ER1)

ACCEPT ENTER NEW FILE NAME: * § File name for new spectrum file.
READ(11,5) INEWFIL(1)

ACCEPTENTER VECTOR LENGTH OF PNONEWES: “,ILENCTH

CALL FOPEN(2,INEWFIL) ;0pens channel to nem spectrum file.

ISTART = 1 3 Beginning block of freq. components in old file
ACCEPT"NO. COWPONENTS/ VECTOR IN NEW FILE: " ,1CONP

1CONT = 1 3 For counting # of 32 point vectors,

IBLX = 1 { Starting block ® for new file.

CALL RDBLK(1,0,IHEADEF,1,IER0) 3§ Read header black.
CALL CHECK(IERO)
IHEADER(S57) = ICONP 3 Change ® of freq. components
ICHECK = (IHEADER(54) - ({LENGTH - 1)) # ILENGTH ; Checks for
jcorrect ® of 32 paint vectors in new file,

IF(IANS .EQ. 1) GO T0 9
IF(IANS +EQ. 0) IHEADER(56) = IHEADER(S54) - (ILENGTH - 1) 3 @ of

3y ICOMP point vectors is speech spectrus
IF(IANS .EQ., 1) IHEADER(56) = IHEADER(S&)/ILENGTH 3» of ICOMP

3 point vectors in phoneme spectrum.
TYPE"FILE LENGTH (IN VECTORS):= “,IHEADER(54)
ACCEPT"DO YOU WANT TO CHANGE THIS VALUE?7(1=Y/0:=¥)",1ANSA 3 Can be
IF(IANSA EQ.0) GO TO 1t $ changed for plotting spectrum using

$SPERPLOT progras {(must aiso change (COMP to 327,

ACCEPT"ENTER FILE LENGTH VALUE: ",ILENVAL ;Should he the same
IHEADER{56) = ILENVAL 3 as ICHECK.,
CALL WRBLX(2,0,IHEADER,1,IER4) 3 Write header block to new spectrus.
CALL CHECK(IER4)

CALL RDBLX(1,ISTART,SPCHARY,2,IER2) ;Read 2 blocks of spectral components.

1F(IER2 .EQ. 9) GO TO 55 $if the end of file, end the programs.

IJ8p = 1 3To increment for each 32nd freq. component.

INDEX = 0 3 Index in the old spectrum array.

INCR = 0 sIndex in the new spectrum array. .

D0 20 1-1,8 .
SPCHARY(IJWP) = 1.0 j3Change energy value to a constant, ]
1JWP = TJAP 4+ 32 3 Go to next energy value, -

IF(IANS .EQ, 0) GO TO 25

CALL WRBLX(2,IBLX,SPCHARY,2,IER3) 3jFor phoneme spectrum, write blocks
IF(IER3 .NE. 1) TYPE"WRBLK ERROR = “,IER3 ; to nem file.

IBLK = IBLK &+ 2 3 Increment to next two blocks for reading. -~
ISTART = ISTART + 2 jReturn to read 2 more blocks, :
€0 T0 10

DO 30 II=+1,4 sDo for 4 groups of vectors.
DO 40 J=1,ILENGCTN Do for ® of vectors per phonese -
b0 50 JJ=1,32 jcreate one group. C
ARRAY1(JJ+INCR) = SPCHARY(JJ+INDEX) 3Put freq. components
sin new array,
ICONT = ICONT + 1 ;Count » of vectors created in nem file,
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40
30

53

IFCICONT .EQ. ICHECX) GO TO 55 § Check to make sure correct
sasount of vectors have heen created.
INCR = INCR + 32 3Jump over last set of components,
INDEX = INDEX + 32 3 Increment to next 32 cosponents.
CONTINUE
INDEX = II # 32 3 Set to begin reading in components for next
1 group of vectors.
CALL WRBLK{(2,IBPLK,ARRAYL,ILENGTH,JER3) ; Read in % of blocks
IF(IER3 «NE, 1) TYPE"UWRBLX ERROR = “",(ER3 3§ created by DD loops.
IBLK = IBLK + ILENGTH 3 Increment to next set of blocks.,
ISTART = ISTART + 1 3 Increment 1 block to read in next two blocks.

60 10 10 3 Start over again.
CALL RESET
STOP
END
90
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PROGRAM SGRAM

P File: SGRAM
S Language: Fortran 5
L
. Date: October 20, 1982
*I Author: K. Seelandt, modified by J. Fletcher 4
- Subject: voice 'spectrograms
Call Sequence: SGRAM
. - 1
- ARGUMENT TYPE PURPOSE .
SFREQ Real value set for the sampling fre-
quency
ii IHEIGHT Integer height of printed characters
e per frequency component
f? IWIDTH Integer width of printed character
‘ per frequency component
IPRE Integer width for performing preemphasis
e
IDB Integar number of 4B to preemphasis .
o
FREQ Real starting frequency of preemphasis s
s
ISIZE Integer number of samples per DFT - 4
: - -9
ﬁ* ENTHRES Real energy threshold for normal-
}' ization
g IFILENAM String name of the speechfile to be
" used
: ISTART Integer First block in speechfile to be
F used in spectrogram
' ILAST Integer last block in speechfile to be '
F_ used in spectrogram B
IN String title of spectrogram 1
RENERGY Real Array holds energy for each spectral
& component in sentence
2
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e DTARAY Real Array holds frequency components to
S be used in DFT

Fl IDSP Integer Array holds a block of components
- read from speechfile
B Real Array holds windowed frequency com-
ponents
.l IBI Integer Array holds integer values of fre-

;I quency components after DFT
& is performed

PURPOSE

This program is used to plot a spectrogram of a speech-
file using a 64 point DFT and either Hamming a Rectangular
window.
DESCRIPTION:

Location: FLETCHER. DR

ARGUMENT STRUCTURE:

IHEIGHT = 1 to plot normal size spectrogram

IWIDTH = 1 to plot normal size spectrogram

IFILENAM = desired speechfile in a 13 character
Hollerith string format

ISTART = 0 to start at beginning of speechfile

ILAST = usually last block of the speechfile
must not exceed file block size

ISIZE = 64 for 64 point DFT

ENTRES = value can be set by user; 10 was used
exclusively in this thesis

IN = 79 character Hollerith string format;

selected by user
PROGRAM USE:

This program can only be used with the Printronix

printer. The speechfile used should be in block format
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no restrictions on size. Be sure speechfile is digitized
speech and not a spectrum file. The loading is as follows:

RLDR SGRAM BYTEOUT EDFT.LB @FLIB@
BYTEOUT.RB is located on Fletcher's tape #1.

FILES CREATED:
TENERGY: contains component numbers and the total
energy in the speechfile for each spec-
tral component

IENERGY: contains the vector number and the total
energy for each vector

DCOMPS ; contains the DFT frequency components of
the vectors each vector is stored as a record

93




_____________________

R RN RN RN RN R RN R AR RE RN R N E RN R RN
SRERERRE RN RN RN R R RN N RN R RGN AR

1] ']
11 PROGRAN: S G R AN T
T n
s DATE: 20 OCT 82 T
T T
e BY: LT. KARL SEELANDT 1]
T 'T]
1] REVISED BY: CAPT JAMES E. FLETCHER 1]
e e

RRERERRBERE RN ERERRE RN REERRR AR R RN RN R RN EE RN RRR RN
BRNENERRRNRRE RN R R R R RN R RN BN R RR AR R B RRERQERRR NN

CONPILE AS A FORTRAN V PROGRAN

RRNEER This progras was developed by LT. MARK FELKEY during
his thesis at AFIT. This program creates a spectrogram of
a2 speech file by finding the DFT of a set of digitized
speech samples, then preemphasizing the high frequency
components of the resultant freguency vector (to obtain
spectrogramss that look as much as possible like the one's
obtained by Potter, Kopp and Green in Visible Speech).
The background noise is effectively reduced by threshold-
ing the energy of each frequency vector (tata! energy is
equal to: square-root of the sum of the squares of individual
frequency coaponents). This threshold value is obtained by
adjusting the value to resove as such unwanted signal as
is possible, mhile not degrading the recognition results.
Finally, the spectrogram is printed out on the printronix
printer using a gray-scale plotting technique.
This progras has been modified to use either Hamming windowing
or rectangular wsindowing,

INITIALIZE VARIABLES

e R s R e e e N e e N e N e N N e N e K N E e N e e Ny R N N R Ny N N N N W Rl e N N o N )

DIMENSION DTARAY(256),ISYNBOL1(10),ISYNBOL4(10),IDATE(I)
DIMENSION B(256),I1BI(128),1DSP(256) ,RENERGY(44)
DIMENSION IFILENAR(13),IN(79)

DIMENSION ISYMBOL2{(10),ISYNBOL3(10),ISYMBOL4(10),ISYNBOLS(10) -
COMMON/BLK/ISYNBOL],ISYNBOL2,ISYNBOL3,ISYMBUL4E ,ISYNBOLS,ISYNBOLS
CONPLEX DTARAY

CRITICAL VARIABLES DEFINED. SOWME OF THESE MAY BE OPERATOR ADJUSTED BY
OPTIONALLY CONPILING THE PROGRAM WHICH COMPILES THE STATEMENTS PRECEEDED BY
AN "X° IN COLUMN 1---(USE FORT/X SGRAN), -7

OO0

ISANP=1 ICOUNTS THE NUNBER OF VECTORS CREATED.

ICOUNT=1 ;VARIABLE THAT KEEPS TRACX OF WHEN 10 VECTORS WERE OUTPUT.
ICHAN=3 3170 CHANNEL FOR SCRAM OUTPUT (USED IN SUBROUTINE CALL)
SFREQ:8000,0 3;SANPLING FREQUENCY

INEICHT=1 SHEICNT OF SCRAN CHARACTERS "““1
INIDTH=1 ;WIDTH OF SCRAM CHARACTERS
IPRE:=1 {SICNAL TO DO PREEWNPHASIS

s
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IDB=4 tNUNBER OF DB'S TO PREENPHASIZE
FREQ=500.03STARTING FRE@ FOR PREENPHASIS
IPRESS32 3SIGNAL TO NOT COMPRESS VECTORS
ISIZE=64 NUNBER OF SAWPLES PER DFTY
ENTHRES=90.0 3;ENERCY THRESHOLD FOR NORWALIZATION

PLOTTER CHARACTERS USED BY THE PRINTRONIX PLOTTER FUNCTIOM,

IPLOT=005K ;PLOT COMNAND

ILF=012K sPRINT LINE OF DATA JUST SENT.

IDASH=177K ;DASH USED FOR SCALE ON SCRAM

IBLANK=0  ;ENPTY CHARACTER USED TO MAKE SURE COWPLETE WORD IS QUTPUT

SPECTROGRAN SYMBOLS THAT MAKE UP THE GRAY-SCALE CHARACTERS. EACH SYNBOL
DEFINES 1 OF & DOT LINES FOR 10 LEVELS OF INTENSITY,

INPUT

DATA ISYNBOL1/100K,100K,100K,122K,122K,122K,122X,166K,177K,177%/
DATA ISYMBOL2/100K,122X,148K,188K,177K,177X,177X,177%,177K,177%/
DATA ISYNWBOL3/100X,100K,100K,100K,100K,122K,133K,133K,133K,177K/
DATA ISYNBOL4/100K,100K,100%,122K,122K,122K,122X,166K,177X,177K/
DATA ISYMBOLS/100K,122K,166K,166K,177K,177K,177X,177%,177K,177X/
DATA ISYWBOL&/100K,100K,100K,100K,100K,122X,133K,133K,133K,177%/

CONTROL VARIABLES, OPEN FILES, & PRINT HEADINC ON SGCRANM.
CALL FOPEN(1,"TENERGY") ;FILE TO INDICATE RELATIVE TOTAL

: $ENERGY OF SENTENCE.
CALL FOPEN(4,"IENERCY") FILE FOR INDIVIDUAL ENERCY OF EACR VECTOR.

INPUT NAME OF FILE THAT THE SCRAM WILL BE MADE FROM=FILENAN

669

500
390

391

ACCEPT"ENTER FILENANE TO BE SCRAN’ ED : *
READ(11,6469) IFILENAN(T)
FORNAT(S13)

CALL OPEN(S,IFILENAM,1,512,IER) sFILE THAT CONTAINS DIG. SPEECH
IF(IER.NE.1) TYPE "ERROR ON OPEN,IER=",1ER
$CHECK TO SEE IF SGRAM IS DESIRED.
ACCEPT "CONSTRUCT SPECTROGRAM? (1:=YES/2:N0):",ISPEC
IF (ISPEC.NE.1) GOTO 571
ACCEPT "SEND SCRAM TO PRINTER? (Y=1,N=2):",IREPLY
IF (IREPLY.NE.1) €0 TO 580
CALL FOPEN(3,"$LPT")
G0 T0 390

3
CALL FOPEN(3,"SYMBOLS","B") 3IF SCRAM ISN'T SENT TO PRINTER,STORE
;CHARACTERS IN THIS FILE FOR OUTPUT LATER.
CONTINUE
ACCRPT "HEICHT OF SYNBOLS OF SGRAN?",INEIGHY
ACCEPT "VIDTH OF SYNBOLS OF SGRAN?",IWIDTH
ACCEPT "PIRST DLOCK T0 READ=",ISTARY
ACCEPT "LAST BLOCK TO READs=",ILAST
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69
70

592
593
595

594
597

401

€r 2

769

599
603

os oo

ACCEPT “NUNBER OF SAWPLES PER VECTOR (POMER OF 2):",ISIZE
ACCEPT"DO YOU WANT A HANMNING VINDOW?(1:Y/0:N) “,IHAN
ISIZEN=I81ZE/2 INUNBER OF CONPONENTS PER VECTOR

OPEN 2,"DCONPS™ ,LEN=1SIZE ; STORES THE FREQ. COMPS. OF EACH VECTOR
ACCEPT “ENERCY THRESHOLD=",ENTHRES

IBYTE=999 INITIALIZE SUBROUTINE BYTEOUT WITH THIS VARIABLE

ZALL BYTEOUT(ICHAM,IBYTE)

IF (ISPEC.NE.1) GOTO 59¢

5
$PRINT HEADING ON SPECTROCRAN.

3

ACCEPT"ENTER TITLE OF SCRAM (79 CHAR. OR LESS)(15) *
READ(11,49)IN(1)

FORNAT(S79)

WRITE(3,70)IN(1)

FORMAT(IX,™ "/7/" muusssnssan” 579, suxssxnnns “//" )

CALL DATECIDATE,IER)

IFCIER.NE.1) TYPE "ERROR ON DATE,IERa",IER

CALL FGTINE(INOUR,ININ,ISEC)

WRITE(3,592) (IDATE(I),I1:1,3)

FORMAT(1X,"DATE:",213,15)

WRITE(3,593) IHOUR,ININ,ISEC

FORMAT(1X,"TINE:",313)

WRITE(3,595) ISIZE,ISTART,ILAST

FORNAT(1X,"NO., OF SAMPLES:=",I3,” FIRST BLOCK=",I3," LAST BLOCK:",
13)

IF(IPRE.EQ.1) WRITE(3,596) 1DP

FORNAT(1X,"HIGH FREQUENCIES PREENPHASIZED, DB/OCTAVE:",I13)
IFCIPRE.EQ.1) WRITE(3,597) FREQ

FORMAT(1X,“PREENPHASIS STARTS AT FREQ:",F5.0)

WRITE(37601) ENTHRES

FORMAT(1X,“ENERCY THRESHOLD:=",F4,1)

JOE-=1

WRITE(3,769)JOE

FORMAT(" “//" BRusnuuuuuasnuntuteenennsenen
1211232 232221 N OWN I T IT T2 TIZz2 2L
RRARRNARURERRRRRRENE "“//" ")

THIS SECTION OF THE PROGRAM READS IN DIG.SPEECH AND CREATES SCRAN.

o> B9 P9 W P

3
CONTINUE

D0 605 I=1,ISIZEM

RENERGY(I)=0.0 3CLEAR ARRAY THAT ADDS UP ENERCY OF SENTENCE
3

{MAIN LOOP OF PROCRAM.

3
DO 1000 INsISTARY,ILAST
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400

410

425

$INPUT SPEECH AND PROCESS IT,

CALL RDBLK(3,IN,IDSP,1,IER)

IFCIER.NE.1) TYPE “ERROR ON RDBLK,IER:z",IER

J1:0

CONTINUE

sFORN CONPLEX ARRAY THAT WILL BE USED FOR DFT.

DO 410 J=1,1S1ZE

B(J)=IDSP(Jed1)

WNDO = 1.0 sDefaults to rectanqular window
IF(IRAR JEQ. 1) ¥NDO=0.54-0,44#C05(2,0%3,1415924534%
(J-1)/71812E) sEquation for Haseing mindow
B(J) = UNDO * BtJ)

DTARAY(J)=B(J)

CONTINUE

300 DFT, LARAY=w OF POINTS, INVER SPECIFIES FORWARD TRANSFORN
LARAY=ISIZE

INVER=0

CALL DFTS(DTARAY,LARAY,INVER)

sFIND MAGNITUDE OF DFT RESULTS TO GET FREQ. COMPONENTS.
D0 625 I=1,ISIZEM

B({I)=CABS(DTARAY(I)/LARAY)

IFCIHAN LEG. 1) BC(I)=B(I)/0.54

CONTINUE

C PREENPHASIZE HIGH FREQUENCY COMPONENTS,

c

c

700

IF (IPRE.NE.1) GO TO0 45

$FIND 1ST COMPONENT TO START PREEMPHASIS AT,
IFREQ1=IFIX(FREQ/SFREQ#ISIZE) +1

D0 700 I=1FREQ1,ISIZEH

sCONVERT INTECER VARIABLES YO REALS.

Ri=1

RIFREQ1=1FREQ!

RIDB=1DB

3MODIFY WAGNITUDE OF CONPONENIS.
B(I)=B(I)#(10#»(RIDB/20*%ALOG10(RTI/RIFREQL)/ALOG10(2.0)))
CONTINUE

C FREQUENCY VECTOR COMPRESSED TO 16 CHANNELS IF CONPRESSION WAS SELECTED,

c

45

10

20

IF (IPRESS.NE.1) GO TO 30
{FIND NUMBER OF CONPONENTS TO COMBINE INTO 1 COMPONENT
JNUN=ISIZEN/16

Jit=1

JJ2: JNUN

DO 20 I=1,14

SUN=0.0

D0 10 J=JJ1,d02
SUN=SUN+B(J)

B(1)=SUN

JI12JJ1+JNUN

JJ22JJ2+JNUN

CONTINUE
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C NORNALIZATION OF ENERCY IN VECTORS.

SR c
i 30 IF (IPRESS.EQ.1) ISIZEHW:=14
SUNE=0.0

D0 33 J=1,ISIZEH

SUNEzSUNE+ (B(J) #82)
3 CONTINUE

ENERCY=SQRT(SUME)
o WRITE(4) ISANPP,ENERCY 3SAVE INDIVIDUAL ENERGYS OF VECTORS.
h ISANPP=ISANP+1
3 IF (ENERGY.GCT.EMTHRES) €0 70 32
B $INCREASE VALUE OF ENERGY TO ATTENUATE COMFONENTS
! ENERGY=5#ENTHRES
- 32 CONTINUE
' IRULT=32767 ;RANGE OF CONPONENTS AFTER NORMALIZATION.
- DO 34 J=1,ISIZEH
1 B(J)=(B(J)/ENERGY)*#INULT
3 SAVE TOTAL ENERGY FOR EACH CONPONENT FOR THIS UTTERANCE.
{ RENERCY (J)=RENERCY(J)+B(J) 3SUN UP TOTAL ENERGY

34 CONTINUE
p c
ki C ARRAY VALUES CONVERTED TO INTEGER FORM
1 c

[ DO 240 JJ=1,ISIZEH
. IBICJJ)=IFIX(B(JJ))
: 240 CONTINUE

3
$SAVE VECTOR COMPONENTS FOR USE LATER BY 'PPGEN’

3
CALL WRITR(2,ISANP,IBI,1,IER)
IF(IER,NE.1) TYPE “ERROR ON WRITR,IER=",IER

3
$IF SCRAM IS NOT DESIRED,SKIP OVER SECTION TO SCALE THE COMPONENTS
370 MAX. VALUES OF 10 AND THEN OUTPUT THE SGRAM CHARACTERS.

A
IF (ISPEC.NE.1) COTO0 330
DO 245 I=1,ISIZEH
IBICI)=IFIX(FLORT(IBI(I))/32767%10)+1
$MAKE SURE COMPONENT VALUES ARE IN CORRECT RANGE (1-10).,
IF (IBI(I).LE.0) IBI(I)=1
IFCIBIC(I) .€T,10) 1BIt1)=10
245 CONTINUE

c

C DETERMINE AND OUTPUT THE CHARACTERS THAT WILL CONSTRUCT THE SPECTROGRAM

c
DO 320 I=1,IWIDTH ;REPEAT SYMBOLS IMIDTH NUMBER OF TIMES.
CALL BYTEOUT(ICHAN,IPLOT) ;SEND PLOT COMNAND TO PRINTRONIX
{SEND 18T DOT ROV FOR ALL THE COMPONENTS
D0 250 JJ=1,ISI1ZEM
JS=IBI(JI)
DO 250 J=1,IHEICHT
CALL BYTEOUT(ICHAN,ISYNBOL1(JS))

250 CONTINUE
‘ CALL BYTEOUT(ICHAN,ILF) 3SEND LINE FEED TO TERMINATE LINE

98




CALL BYTEOUT(ICHAN,IPLOT)
1SEND 2ND DOT ROW FOR ALL THE CONPOMENTS
DO 260 JJ=1,ISIZEH
JS=21B1(JJ)
D0 2560 J=1,IHEICHT
CALL BYTEOUTCICHAN,ISYNBOL2(JS))
260 CONTINUE
CALL SYTEOUT(ICHAN,ILF)
CALL BYTEOUT(ICHAN,IPLOT)
3SEND 3RD DOT ROW FOR ALL THE COMPONENTS
DO 270 JJ=1,1512EH
J8=1B1(JJ)
DO 270 J=1,IHEIGHT
CALL BYTEOUT(ICHAN,ISYMBOL3(JS))
. 270 CONTINUE
: CALL BYTEOUTC(ICHAN,ILF)
CALL BYTEOUT(ICHAN,IFLOT)
3SEND 4TH DOT ROW FOR ALL THE COMPONENTS
DO 280 JJ=1,ISIZEN
L J§=1B14JJ)
¢

D0 280 J=1,IHEIGHT
CALL BYTEOUT(ICHAN,ISYNBOL4(JS))
280 CONTINUE
CALL BYTEGUT(ICHAN,ILF)
CALL BYTEOUT(ICHAN,IPLOT)
3SEND S5TH DOT ROW FOR ALL THE COMPONENTS
DO 290 JJ=1,ISIZEM
JS=1BI0JJ)
DO 290 J=1,IHEIGHT
CALL BYTEOUTC(ICHAN,ISYNBOL5(JS))
290 CONTINUE
CALL BYTEOUT(ICHAN,ILF)
CALL BYTEOUT{ICHAN,IPLOT)
3SEND 6TH DOT ROMW FOR ALL THE COMPONENTS
DO 300 JJ=1,ISIZEH
J§:=1B1¢JJ)
DO 300 J=1,IHEIGHT
CALL BYTEOUTC(ICHAN,ISYNBOLS(JS))
300 CONTINUE
$PRINT A DASH AFTER EVERY 10 VECTORS
IF (ICOUNT.NE.10) GOTOD 310
CALL BYTEOUT(ICHAN,IDASH)
ICOUNT=0
310 CALL BYTEOQUT(ICHAN,ILF)
320 CONTINUE
CALL BYTEOGUTC(ICHAN,IBLANK)ISEND A BLANK TO INSURE LAST CHARACTER SENT
330 ICOUNT=ICOUNT+1
$RESTORE ISIZEH INCASE IT WAS CHANGED FOR COMPRESSION

ISIZEH=1812E/2
¢
i! C END OF SCRAM CONSTRUCTION -
- c -
ISANP=ISANP+1

sCHECK T0 SEE IP ANOTHER VECTOR CAN BE FORWED FROW THIS BLOCX OF SPEECH

b 2 .
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J1sJ1+1812E
IF (J1.LT.256) CO T0 600
CONTINUE

]
sEND OF NAIN LOOP OF PROGRAM

y

D0 1010 I=1,ISIZEN

WRITE(1) I,RENERCY(I) ;SAVE TOTAL ENERGY ARRAY

CALL RESETY

RITE(10)°(7)","(7)","(7)>" 3RING BELL TD MNAKE UP OPERATOR
sToP

END
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PROGRAM TEKTALK

Subject:

Calling Sequence:

ARGUMENT

SFREQ

IDB

FREQ

ISIZE

ENTHRES

PARAM (1) &

FILE NAM
TITLE

ISTART

ILAST

DTARAY

RENERGY

Digitized speech output

TYPE

Real

Integer

Real

Integer

Real

String

String

Integer

Integer

Real Array

Real Array

Real Array

TEKTALK

PURPOSE

Value set for the sampling
frequency

Number of DB to preemphasize

Starting frequency of pre-
emphasize

DFT sampling size

energy threshold for normal-
ization

name of desired speechfile

Title for spectrogram

First block in speechfile to
be used in spectrogram

Last block in speechfile to
be used in spectrogram

Holds frequency components to
be used in DFT

Holds energy for each spectral
component in the sentence

Holds windowed frequency com-
ponents

File: TEKTALK .
- Language: Fortran 5 _
: Date: October 20, 1982 v 5
E Author: K. Seelandt, modified by J. Fletcher ;_;

-——d
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1.7

IBI

IDSP

ICONT

IH
1L

IMASK

PARAM

PARAM

PARAM

PURPO

ROL

(8)

9)

(10)

SE:

Integer

Integer Array

Integer Array

Integer Array
Integer Array

Integer Array

Real

Real

Real

Holds integer values of frequency
components after DFT is performed

Holds a block of components read
from speechfile

Holds screen command for TEK-
tronix 1040 terminal

Holds position of cross hai:cs
Holds position of cross hairs

Holds constants used for
ANDing and ORing

Starting position to heard in
speechfile

Ending position to heard in
speechfile

Number of times segement to
be heard

This program is used to plot the spectrogram and allow

the user to listen to any part of the speechfile he wants,

as many times as he wants.

DESCR

IPTION

Location:

FLETCHER. DR

ARGUMENT STRUCTURE:

PARAM (1)&
FILENAM

TITLE

ISTART

ILAST

IDB

= name of speechfile in 13 character
Hollerith string format

= title for the spectrogram in 79 character
Hollerith string format

starting

block of speechfile to be shown

using spectrogram

last block of speechfile for spectrogram;

total number of blocks must not exceed 20

= 6dB was used exclusively in this thesis
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FREQ = 500.0 was used exclusively
ISI2E = number of samples for each time slice,
64 was used exclusively
ENTHRES = threshold for energy the value 10 was used

PROGRAM USE:

This program can be used only on the Tedtronix 4010
terminal using the Data General A/D/A converter. The A/D/A
converter must be set up prior to the running of this program
as per instructions in the thesis text. The speech output is
through the Rockland filter and Crown amplifier. The user can
select any segement of speech he wants to listen to by
displaying up to 20 blocks of speech on the terminal and using
the cross hairs to delimit the segment of speech he wants to
hear and the number of times he wants it repeated. This program
is especially useful for listening to speech segments to
pick phoneme prototypes. To load this program, use the
followirg command:

RLDR TEKTALK BYTEPAC TEKDOT TEKLINE TEKTONE
EDFT.LB @FLIB@

Also, make sure TALK.SV is in the same directory since this
is swapped with TEKTALK to output the speech.

FILES CREATED:

TENERGY: contains component number and the total
energy in the speechfile for each spectral
component

IENERGY: contains the vector number and the total

energy for each vector
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DCOMPS :

PARAM.AD:

contains the DFT frequency components of the
vectors; each vector is stored as a record

contains file name of speech, starting and
ending work of segment of speech to be heard
and number of times to repeat it; data writ-
ten sequentially in the file using WRSEQ
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¢ BN NN RO RN BN R AR RN NN RN NBRENNS
c SRR RN RN R RN R RN NS RRER N R NN
[ L 1] 1]
c L1 PROGRAN: TEXTALIK 11
: c (1] 11
! c 11 WRITTEN BY: LT KARL SEELANDTY L1
o (¥ 1 e
11 REVISED BY: CAPT JAMES E. FLETCHER 1
f 1 11
] c " DATE: 12 OCT, 82 '
. £ 1] 1
c FRERERRENE RN RN RN R RN RN RN RN E RN RN R RN RN
¢ LI T T R R R T R T I Y]]
C
c Load TEKTONE, TEKDOT, TEKLINE, BYTEPAC and EDFT.LB
FI c along mith this program using the RLDR command.
C
¢ NOTE: THIS ROUTINE IS FOR FORTRAR 5 !!
c
Cunnuns The spectrogras portion of this program was derived from
b c a program written by Lt. Mark Felkey while working on his
» C thesis here at AFIT,
c
_ Crannun This program will accept as an input, a file containing
i from 1 to 88 blocks of digitized speech, The output wil}
be a spectrogram of a portion of the file, with a length up to

80 vectors, or 0.44 seconds of speech (with a 44 sample DFT),
Again if the 64 sample DFY is used the frequency spectrus of
the spectrogram consists of 32 separate levels from DC to 4KHz.
When this program uses the 64 saaple DFT the vectors have a
length of 8msec since the sampling rate of the analog speech
signal is 8XHz, The maxisus length of a speechfile is
currently 88 hlocks / 22528 words, this equates to a maximum -
spectrogram length of 3352 vectors ( = 22528 / 64 )., -

C

c

c

c

c

C

c

c

C

c

c

Crexnun After taking the DFT of the digitized speech the high

c frequency components of each time vector are preemphasized,

£ the components of the vectors are then energy thresholded

c and finally they are energy normalized on a scale

£ of 0 thru 9 for gray-scale encoding, After all this has - o
¢ been done the spectrogram is displayed on the TeKtronix

c 4010 Graphics Teraminal, Once the spectroqram is cospleted

¢ the tersinal is left in the CIN-sode and will display the

¢ cursors, The cursors can be adjusted by the operator to

C input two X-values from the screen to the computer, they

c detersine what portion of the spectrogram will be heard when -7
c using the audio output program. This allows the operator to

c listen to any segaent of speech displayed on the spectragras

c enabling hian/her to determine an optimal set of prototype A
c phoneses to be used for the recognition of phonemes in .
[ cannected speech,

c

c

c

SERERE MOTE: In addition to the above listed information ]
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c

this routine will also allow the user to choose the

of windowing used in creating the spectrogras. As the

operator requests, the window will be a rectanqgular non-

overlapping one or a Rassing non-overlappingone,

The window multiplier for a rectangular wmindow is 1,

The windowm sultiplier used for the Hamming window is

the same as that aentioned by Oppenhiea % Shafer in

Digital Signal Processing, on page 242.cevsvrercrens
Also note that when using other than a

rectanquiar eindow the frequency companents should

be multiplied be some multiplication factor in

order to Keep the relative magnitudes the sase.

For a2 Hamming window this factor is 1/0.54 and is

done right after the call to the DFT routine.

The nuaber of times a segment of speech is heard can bhe
orerator adjusted from the TeKtronix terminal by the Keys
hit to send the cursor inforsation about the final positiaon
of the two positions sent to hear a segsent. For exaaple
hitting a 1 then 9 will allom the user to hear the speech
seqment 1Y times, then the cursors are displayed again and
the process can be continued.

Set up variables to be used,

DIMENSION IH(2),IL(2),IMORD1(2),INO0RD2(2),1(3),INASK(3)
DINENSION DTARAY(254),IDATE(3),B(256),IB1(128),1DSP(254)
DINENSION ICONTROL(7),RENERGY(64),1STORE(13)

INTEGER FILENAN(13),TITLE(79),PARANL10)

DATA INASK/37K,17400K,17K/
DATA ICONTROL/033K,014K,032K,005K,035K,037K,007K/

Cex ASCII equivalent= ESC FF SUB EN@ 65 US BEL,

¢

c
Camanan
c
c
c

5

CONPLEX DTARAY

Define critical variables used in the program, some
variables can be user-defined by optiomnaily compiling
statements preceeded by an ‘X’ using the FORT/X comsand.

IFLAG=0 sohat job is next,
1SANP=0 jcounts vectors created.
IPRE=} jsignal to preemphasize,
10824 iDB's to preemphasize by.
SFREQ=8000,0 ssampling frequency
FREQ=500.0 jstart preemphasis here.
1SI12B=44 $DFT saaple size,

THAN=O jehat type of windowing

seill be done default = rectang.
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c
Casunusn
C

¢
Cununny
¢
c
c

IBYTE2999 ginit. output routine.
CALL BYTEPAC(IBYTE) H

CALL RESEY
Input control variables and primt a heading.
OPEN 1,"TENERCY" jcontains total energy of
;speechfile at each fregq.
OPEN 4,"IENERGY" jcontains enerqy of

teach individual vector.
MNaKke available some basic instructions for the user and
input the name of the speechfile to be used.

TYPE"(15) (15) "
TYPE" WELCOMRE TO TEKTALK"®"

TYPE" ERERBEEREREEE O BEE O NEEEEEERRREEE (15)"
TYPE" developed by: “

TYPE" LT KARL G+ SEELANDT "

TYPE" revised by: *

TYPE" CAPT JAMES E. FLETCHER (15)(15) *

ACCEPT"DO YOU WANT TO CONTINUE/CET MORE INFO

3 ENTER 1/0 ~,ICONT

IFCICONT.F2,1)G0 10 @8

CALL BYTEPAC{ICONTROL(1))

CALL BYTEPAC(ICONTROL(2))

CALL FDELAY(10)

TYPE" This routine was developed as an"

TYPE" interactive routine to be used as a tool"
TYPE"  that would enable 2 user to work in the"
TYPE® area of prototype phoneme developement,.”
TYPE®  TERTALK allows a user to simultaneousiy”
TYPE" see 3 picture of speech (a spectrograa)”
TYPE" while hearing different segments of the”
TYPE" same, (15) (15) b

TYPE" For this progras to merk make sure”
TYPE" the following rules are followed:

TYPE®  1....TALK.SV has been coapiled and loaded"
TYPE" in your directory, “

TYPE"  2....MaKe sure DPAF:SAN has been initialized"
TYPE" 3..,.The proper hardeare connections have"
TYPE" been nade to the A/D/A converter,”
TYPE®  4,.,.Make sure the cables have been switched"
TYPE" in the back of the Crown amplifier and”
TYPE" Rockland Hi/Lo pass filter,"”

TYPE®  S....FILE SPACE must be available, about”
TYPE" 100 to 200 blocks. "

ACCEPT"TO CONTINUE, HIT RETURN."

READ(11,2) INHOLD

FORNAT(S81)

CALL BYTEPAC(ICONTIROL(1)) 3 Clear screen and home char
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CALL BYTEPAC(ICONTROL(2)) 3 pointer to prevent oversriting.
CALL FDELAY(10)
] ACCEPT" ENTER NANE OF SPEECHFILE: -

READ(11,10)PARAN(Y)
10 FORMAT(S13)
b0 1 J=},?
FILENAN(J) = PARAN(J)
1 CONTINUE

101 ACCEPT"ENTER TITLE FOR SCRAM (79 characters or less):(15)"
READ(11,11)TITLE(])
11 FORMAT(S7)

CALL DPEN(S,FILENAM,1,512,1ER1) jchannel to speechfile
IF(1ER1,NE.1)TYPE"ERROR OM OPEN, 1ER1:= “,IER!

19 TYPE"NOTE: You must do a spectrogras of 20 blocks”
TYPE" or less (80 or less vectors), so that"
TYPE" it si)) fit on the Tektronix screen !!*
TYPE™ This equals 0,44 seconds of speech, max.”
TYPE" b

20 ACCEPT"ENTER FIRSY BLOCK T0 BE READ : ~,ISTART
ACCEPT"ENTER LAST BLOCK TO BE READ : " ,ILAST

TYPE"WHAT TYPE OF WINDOW IS DESIRED"
ACCEPT"HAMMING / RECTANGULAR (1 /7 0): ™,IHAN

ACCEPT"PREEMPHASIZE HIGH FR:Q.? (1:=YES/ 2=N0): ",IPRE

IF(IPRE.EQ.1)ACCEPT"ENTER DB’'s per OCTAVE : ",10B

IFCIPRE.EQ.1)ACCEPT"ENTER STARTINC FREQ. : ",FREQ :
ACCEPT"ENTER DFT SAMPLE SIZE (= samples/vector) :",ISIZE .

ISIZEN=1SIZE/2 jnuaber of distinct fregq.

OFEN 19,"DCONMPS™ ,LEN=ISIZE sstore freq components, -9
30 ACCEPT"ENTER ENERGY THRESHOLD : " JENTHRES

TYPE" (15) "

TYPE" nesuu N O T I C E snsnan (15) "

TYPE" While in the interactive mode, EACH time" -
TYPE” you listen to a portion of a spectrogram the ° )
TYPE® following information is written to a file:(15)"

TYPE" . Date and tiame. {
TYPE" 2. Name of speechfile. " 1
TYPE” 3, Spectrograe heading. "
TYPE" 4, And for each seqment., ° -
TYPR" . A nuebering. "
TYPE" b, Position of the first *
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TYPER" vector heard (in words),”
S : TYPE" Co Nuaber of words heard, ~
l TYPE" d. Segaent length (sec), (13)"
: ACCEPT"TO CONTIMUE, HIT RETURN"

READ(11,2) IHOLD1

CALL BYTEPAC(ICONTROL(1))
. CALL BYTEPAC(ICONTROL(2))
. CALL FDELAY(10)

-
[z X ]

TYPE“(15) (1% *
TYPE" WHILE IN THE INTERACTIVE WODE: *
, TYPE" "
L TYPE" Perform folloming steps on TeKtronix terminal:"
TYPE™ (15) " -
TIPE"1, Position crosshairs at FRONT of first speech *
TYPE" vector you want to hear,"”
TYPE”"2, Hit twice any Key (on TeKtronix) to send cursor”
TYPE" position to the computer.”
TYPE“3. The cursor is displayed after a beep, and you "
TYPE" should now position crosshairs BEHIND the last * -
TYPE™ vector you mant to hear,” :
TYPE"4., Next hit the Keys that represent the nuaber”
TYPE™ of times you want to hear the section of speech”
TYPE™ just marked off, fros 1 thru 99 times, *
TYPE" For example, entering a 1 then a2 S will let" :
TYPE” you hear the segaent 135 times, (15) " - -
TYPE"#x%#To STOP send sawe crosshair position twice., ©
TYPE"(13) (15) -
ACCEPT"TO CONTINUE, HIT RETURN."
READ(11,2) T1HOLD2

Cunusun Print a heading on the Tektronix screen,
c -
c - -
Cuunnnn For two character comsands sust send both in
c one word, so use BYTEPAC to pack two bytes into
c one mesory word. Can just use a WKITE BINARY
c for one character (ASCII) commands., ]
c
at CALL BYTEPAC(ICONTROL(1)) ysend ESC FF -1
CALL BYTEPAC(ICOWTROL(2)) jto blank screen J
C
CALL DATE(IDATE,IER3) sqet the date.
IF(IER3I.NE,1)TYPE"ERKOR ON DATE, 1ER3:= " ,IER3
c
CALL FCTINECIHOUR,ININ,ISEC) sget the tiese. -
c
Cransns To output heading send position that will be the ]
c lomer left corner of first character, then go back to )
¢ the Alpha mode and erite this portion of the heading.
c
CALL FDELAY(20) ttine detay to allow i}
jscreen to clear, |
CALL TEXDOT(740,200) tstart of line.
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100

110

112

120

125

130

140

150

160

[y I = ]

161
162

3

WRITE BINARY (10) ICONTROL(S) 3to get to Alpha.
WRITE(10,100)TITLE(1) isend title
FORNAT(S79) 3

CALL TEXDOT(710,200) 3start of next line
WRITE BINARY (10) ICONTROL(4) 3g0 to Alpha mode
WRITE(10,110)FILENAN(]) ssend filenase
FORMAT("THIS 1S A SPECTROCRAM OF: “,S513)

CALL TEKDOY(480,200) istart of next line
WRITE BINAKY (10) ICONTROL(4) 390 to Alpha mode.
WRITE(10,112)ISTART,ILAST jsend block nuabers
FORMAT(“FIRSY 8LOCKX= “,12,5X,"LAST BLOCK: “,I12)

CALL TEKDDT(450,200) istart of next line
WRITE BINARY (10) ICONTROL({4) 390 to Alpha mode.
WRITE(10,120)IDATE jsend date
FORMAT( “DATE: ",213,15) 3

CALL TEXDOT(650,478) jstart of next output,
WRITE BINARY (10) ICONTROL(4) 390 to Alpha mode,
WRITE(10,125)IHOUR,ININ,ISEC jsend tise
FORMAT("TINE: ",313) H

CALL TEXDOT(620,200) jstart of next line,
WRITE BINARY (10) ICONTROL(4) 390 to Alpha mode.
WRITE(10,130)1DB jsend preemphasis infao.
FORMAT(“FREQ, PREEMPHASIS, DB/OCTAVE: ",I3)

CALL TEKDOT(590,200) istart of next line,
WRITE BINARY (10) ICONTROL(4) ;g0 to Alpha mode,
WRITE(10,140)FREQ jstart of preesphasis.
FORMAT("PREEWPHASIS STARTS AT, FREQ.: ",F5.0)

CALL TEKDDT(560,200) jstart of next line.
WRITE BINARY (10) ICONTROL(4) 390 to Alpha mode,
WRITE(10,150)ENTHRES ssend threshold value,
FORMAT(“RNS EMERGY THRESHOLD: ",Fé.1)

CALL TEXDOT(530,200) jstart of next line,
WRITE BINARY (10) ICONTROL{(4) 390 to Alpha amode,
WRITE(10,160)ISIZE jsend DFT size,
FORNAT("DFT SAMPLE SIZE: ",13)

CALL TEKDOT (500,200) sstart next line,
WRITE BINARY (10) ICONTROL{4) 3Alpha
IFCINANL,EQ.1)URITE(10,161) jHamaing
1F(IHAN,NE.1)URITE (10,162) iRectanqular,
FORNAT{“"HANMING WINDON USED™)
FORNAT("RECTANGULAR WINDOW USED")
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E.. , Canmuua Nark off the time axis, in vectors,
oo c
. ' DO 145 JJ=1,5
J=di-1
INUN:CISTART + Ju5)n4 jvector marking.
IX=9 + J2240 imarking position,
» CALL TEXDOT(40,IX) gstart line.
N WRITE BINARY (10) ICONTROL(4) 3ito Alpha mode,
b WRITE(10,164)INUN ssend marking.
144 FORMAT(13) 3
165 CONTINUE
c
Causnus Write out an axis label.
T g
.I CALL TEKDOT(10,419) jstart line,
WRITE BINARY (10) ICONTROL{4) ;to Alpha mode.
p WRITE(10,148) ssend label,
E 148 FORMAT("VECTOR NUWMBER™)
: c
1 c
i; c
Crunann Print an axis for the spectrogras on the screen
’ c of the TeKtronix, then delineate the X-axis every
c vector and delineate the Y-axis every frequency
c component, The subroutine TEKLINE(IY,IX,IY1,IX1)
c drams a2 line from the point (IX,I1Y) to (IX1,IY1).
C
CALL TEKLINE(474,991,89,991) 1Y-axis, right,
CALL TEKLINE(474,29,89,29) 1Y-axis, left
CALL TEKLINE(89,29,89,990) 1X-axis done
C
DO 170 1XD=30,990,12 jdelineate the
CALL TEKLINE(88,1XD,78,I1XD) 1X-axis first,
170  CONTINUE
C
D0 175 I1XD=30,990,120 1put extra amark ;
CALL TEKLINE(78,IXD,70,IXD) seach 10 vectors, .
175 CONTINUE ‘
c 1
DO 180 1YD=90,474,12 jdelineate the T
CALL TEKLINE(IYD,28,1YD,18) iY-axis, left, :
180 CONTINUE
c
DO 185 1YD=90,474,96 jput extra mark ' ;
CALL TEXLINE(IYD,18,1YD,8) ievery 1XHz,
185 CONTINUE .
c
DO 190 1YD=90,474,12 jdelineate the
CALL TEKLINE(1YD,992,1YD,1002) 1Y-axis, right,
190 CONTINUE
¢
DO 195 1YD=90,474,96 jput extra mark T
CALL TEKLINE{(1YD,1002,1YD,1012) jevery 1 KNz,
195  CONTINUE
111
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Now create the spectrogram in the steps outlined:

1. Clear array that is used to add up energy
in a sentence.

Main loop of prograes

2. Read a block of speech.

3 Set B(J) = magnitude of speech components,
Then mindow as requested!

4, Then set DTARAY = B{J), so array is coaplex.

- ) Cal) DFY rautine to get freq. info.

Sub-loop of program (once for each fregq)

a Get sagnitude of freq. components.
If Hamming window used normalize the
msagnitude of the freq., cosponents
srt a rectanqular window (=1).

b, Preesphasize frequencies above 500 Hz.
C Save enerqy components in IENERGY.
d. Energy normalize the vector.

End of sub-loop

6. Threshold vector srt. energy.
7. Sum total enerqy @ each freg in TENERGY,
8, Change B(J)'s to integers,
8, Store freq components of each vector
in DCONPS.
9 Scale freq components from 1 to 10,
10. Qutput to screen one vector of info,
11. Change vector nusber and GO TO «1,

12, When done save TENERGY and RING BELL.

Now do it to it,

DO 200 I1=1,ISIZ2EN jclear file used to
RENERGY(I11)=0.,0 {SUB up energy.

DO 900 12=1START,ILASTY tbegin main loop
CALL RDBLK(S5,12,I1DSP,1,IER) jinput speech info.
IPCIER.NE.1)TYPE"ERROR ON RDBLX s ",IER
J120 sKeeps track of shether to read
sanother block of speech,

WNDO=1,0 sDefault to rectang. eindos.
DO 310 Jsi,1S1ZE ifore complex array
B(J)=IDSP(Jadt) 3J1 = block number,
112
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‘ c
R IF (IHAN.EQ.1) WNDO = 0.54 - (0,46 % COS( 2, #
i / 3.1415926536 * (J - 1)/ISIZE))
c
B(J) = WNDC ® B(J)
c
! c
i DTARAY(J)=B(J) jsust call DFT wmith
jcomplex array.,
310 CONTINUE
c
{ LARAY=1SIZE ssize for DFT call,
INVER=0 jindicate DFY direction,
CALL DFIS(DTARAY,LARAY,INVER) sget DFT for this vector
c
ll DO 325 I3=1,ISIZEN jget freq component magn.
' B(I3)=CABS{DTARAY(I3)/LARAY) 3
c
IF (IHANM.EQ.1) B(I3) = B(13) / 0.54 jnormalize
jto equivalent magnitude as a
jrectangular window.
c
323 CONTINUE
c
IF(IPRE.NE,1)G0 TD 400 jto not preemphasize
IFREQi=IFIX(FREQ/SFREQ®ISIZE)+1 ifirst freq preeaph.
C
DO 400 IN=IFREQ1,ISIZEH spreeaph, freq components.
RI=FLOAT(IN) jchange integer variables
RIFRED1=FLOAT(IFREGBL) jinto rea) variables,
RIDB=FLOAT(1DB) 3
;Performs freq preemphasis next.
BOIN)=B(IN)®(10,#x(RIDB/20%ALOGIO(RI/RIFREG])/ALOG10(2,0)))
400 CONTINUE
c
SUME=0.0 jenergy normalize vectors.
DO 432 J=1,IS1ZEM jsumssquareroot of the
SUME=SUNE+(B(J)%%2) jsun of the squares.
432 CONTINUE
ENERGY=SORT(SUNE) 3
c
ISANPP=1SANP+1 jvector counter,
WRITE(4) ISANPP,ENERGY jstore energy.
c
IF(ENERCY,GT.ENTHRES)GO T0 433 3if belom threshald
jincrease energy to attenuate components, o
ENERGY=5,%ENTHRES 3
433 CONTINUE
INULT=32767 jeax possibie energy value,
DO 434 J=1,IS1ZEH schange to integers.
B(J)=(B(J)/ENERCY)*#INULY 3normalize.
c - h
RENERGY(J)sRENERCY(J)+B(J) I5UR energy.
434 CONTINUE
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PO 500 JJ=1,ISIZEH jarray values converted
IBICJJ)sIFIX(B(II)) jto integer forsat.
500 CONTINUE
c
{save vector cosponents for use later
CALL WRITRU(19,1SAMP,IBI,1,1ER4)
IF(IER4,EQ.1.,0R.IER4.EQ.3121)C0 TO 510 3
TYPE" WRITRW ERROR, 1ER4= " ,IER4 H

510 DO 543 IN=1,I1SIZEH 3scale components
IBICIN)=TFIX(FLOAT(IBI{IN))/32747%10)+1
IFCIBICIN) JLE.O)IBI(IN) =1 sfrom 1 to 10,
IF(IBIC(IN) ,GT.10)IBI(IN)=10
545 CONTINUE
c
¢
Camunny Output the components of this vector nowm.
DO 700 IN=1,ISIZEH ifor each freq. component
CALL TEXTONECISANP,IN,IBICIN)) sdraw pixel
700 CONTINUE
L
c
I134MP=15ANP+1 390 to next vector
J1:=J1+1S1ZE jcan another vector be foraed
IF(J1.LT.256)C0 TO0 300 ;from this block.,
c
900 CONTINUE
¢
Crnnuns End of main prograa loop.
c
DO 910 IN=1,ISIZENM jsave total energy
910 WRITE(1) 1,REMERGY{IN) 3
c
¢
TYPE" (7) (7) (7 (7Y * idake up operator
sfor interactive mode.
Crexnnn Now go into interactive mode on the Tektronixz
by saking use of the Gin made of the tektronix,
This section of the progras will do the follaowing:

L ) Send ESC-SUB to put the Tektronix
into Gin mode (must use the Bytepac
routine so bhoth bytes are sent in a
single word).,

b, Te)) user shat to do now.,

Co Decode first group of hytes sent
from the YTektronix into X,Y tekpoint
position of starting position,

d. Decode second gqroup of bytes semt
into the nuamber of times you want
to hear portion of spectrogram,
and the final X,Y tekpoint position,

e Check to be sure that the second

OO
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position is not equal to the first
position (shich occurs when user
wants to leave the program).,

L) Transfer control to the prograa
which is used to 1/0 speech, this is
progras TALK,SV which is used to
output user specified segaents
of a speechfile. This is done utilizing
the eclipse's D/A/D converter.,

9. Caontinue with the use of the
cursor routine,

NOTE: The folloaing describes the bytes sent out
from the Tektronix terainal wmhen two Keys
are hit while in the Cin mode.

L RERRE R $mmec--- 4o~ #mmecne- 4-eo--- 4= +
byte 1 byte 2 byte 3 byte 4 byte 5 byte $
- grmemo-- pomeme-- R $m--e--- pomemme- +
first byte sent last byte sent

byte 1.visosecontains the ASCII code first key hit
byte Z2¢svvevocontains TeKtronix coded Hi X 5-bit byte
byte 3+vse0sscontains Tektronix coded Lo X S-bit byte
byte 4.,440scontains Tektronix coded Hi Y 5-bit byte
byte S.evsseecontains Tektronix coded Lo Y S5-bit byte
byte 4,411 rcontains the ASCII code last Key hit

X Ex s Rk X Az Kz s N x s N R s N e N e N o N N e N e N N N B x N N Ny

920  FORNAT(10X,“DATE : *,213,1%5)
WRITE(3,921) THOUR,ININ,ISEC

921 FORNAT(10X,"TINE : *,313) :
WRITE(3,922) FILENAN(1)

922  FORMAT(10X,"NAME OF SPEECMFILE : *,513)

CALL RESET
C
Chununn Write heading to file ISTORE.
C
CALL FOPEN(3,"ISTORE") H
c
CALL FGTIMECIHOUR,ININ,ISEC) jCurrent tiee,
c
BRITE(3,917) 3
917 FOKMAT(12X,"DOCUMENTATION OF WORX FRON")j
WRITE(3,918) 3
918 FORMAT(19X,"TEK T ALK ™) 3
WRITE(3,920)IDATE 3
3
3

- ee &9

WRITE(3,923)TITLE(1)
923  FORMAT(™ ",879) H
ICOUNT=1 scounter far nusber of segments,

Iz N x N x]
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1000

- 1010

OO0 0™

o

1050

[ B 3]

1100

1720

CALL RESET

CALL OPEN(3,"ISTORE",0,IERA) jdocumentation file,
IF(IERA.NE.1)TYPE"ERROR ON OPEN, I1ERA: ",IERA

CALL BYTEPACCICONRIROL(1))
CALL BYTEPAC(ICONTROL(3))

ssend ESC-SUB for
jfor Gin sode.

READ BINARY (11) I(1),1(2),I1(3)

IF(IT.EG.0)G0 T0 1010
IHEAR]=TAND(INASK(2),1(1))
THEARLI=ISHFT(1(1),-8)

ifirst position
;% of times you
jhear portion.

THEAR2=TAND(IRASX(1),1(3)) s2nd Key hit
THC(1)=TAKDCINASK(1),1(¢(1)) jdecode the
TH{1)=ISHFT(IN(1),5) 31X position
IL{1)=TAND(INASK(2),1(2)) jof cursor
IL{1)=ISHFT(IL(1),-8) H
IH(2)=TANDCINASK(1),1(2)) jdecode the
IH(2)=ISHFT{IH(2),S) 1Y position
IL(2)=TANDC(IMASK(2),1(3)) tof cursor.,
IL{2)=ISHFT(I(3),-8) H

The first and last bytes from the Tektronix carry
only the ASCII code for the first and second Keys hit
at the Tektronix tersinal., Hitting the first Key causes
cursor position information to be sent and the second
Key is hit to fill up the last word (146 bit) of infor-
sation sent to the cosputer. These two bytes are
examined and decoded upon receipt of the final cursor
position, enabling the user to specify the number of
times a section of speech wil) be heard.

IF(IT.EQ.1)G0 TO 1100

DO 1050 IN=1,2
INORDL(IN) = IOR(IHCIN) JILCIND)

CONTINUE

IT=1

jdecode position.

WRITE BINARY (10) ICONTROL(7)  3bel to reset.

CALL BYTEPAC(ICONTROL(1)) jsend ESC-SUB

CALL BYTEPAC(ICONTROL(3)) iin one word
180 back ia Cin.C
G0 10 1000 ifinal position,
11=0 ' jon receipt of both positions.
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1110

c
Cununun

¢
X

/
”
Crunnnn

¢
1299
1300
1303
1310

1315
c
Cusnnnn
¢
c

¢
Cununn
c
c
c

D0 1110 IN=},2
TUORD2(IM) =TORCINCIN ,IL(IN))
3in tekpoints for now.
CONTINUE

ISTOP=IMORD1(1)-1IWORD2(1)
IF(ISTOP.EQ.0)GO YO 2001 3

Calculate crosshair position (X only) in teras of
words, where 2546 words = 1 block = 4 vectors 3 32 msec,

ISWORD=(ISTART#256) + (IWORD1(1)-30)%5 +

IFIX{FLOAT({INORD1{1)-30)/3) H
INWORD=(IMORD2(1)-IWORD1(1))#5 4
IFIX(FLOAT(IWORD2{1)-1WORD1({1))/3) 3

Continue filling file ISTORE with documentation,
WRITE(3,1299) 3
FORMAT(11X,"=~---n-sccmcnccccccncnnnee ")
WRITE(3,1300) ICOUNT H

FORMAT(10X ,“SPEECH SEGNENT NUMBER: *,14)
WKITE(3,1305) ISWORD ;
FORMAT(10X,“FIRST WORD HEARD WAS: *,14)
WRITE(3,1310) INNORD ;
FORMAT(10X,“NUNBER OF WORDS HEARD: *,14)

RLENCTH= FLOATC(INWORD / 8000.) ilength sec.

WRITE(3,1315) RLENCTH
FORMAT(10X,“SECMENT LENGTH (SEC): ",F7.4)

Calculate nuaber of times segment will
be heard via the program TALK.SV,

IHEARD:= 10%(1AND(INASK(3),IHEARL))

This is wmhere control is transferred over to

progras TALK.SV, in order to hear the speech. The

transfer is accomplished using a "CALL SWAP".

PARAN(8) = ISWORD

PARAR{9) = INWOKRD

PARAN(10) = IHEARD
jspeech,

CALL CFILW{("PARAN,AD",2,IERS)

IFC(IERS +NE., 1) TYPE"CFILW ERROR = ",IERS

CALL OPEN(2,"PARAN.AD",3,1ERS)

IF(IERS .NE., 1) TYPE"OPEN ERROR = ",1ERé

CALL WRSEQ(2,PARAM,20,1ER7)

IFCIER7 +NE. 1) TYPE"WRSEQ ERROR = “,IER?

CALL CLOSE(2,IERS)

IF(IERS .NE., 1) TYPE"CLOSE ERROR = ",IERS

CALL SWAP{"TALX.SV",1ER9)
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sten’s position.
THEARD= IHEARD + (IANDUINASX(3),IHEAR2)) jentire ®,

jThese are the para-
;meters used by
;TALX.SV for outputting
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¢ _ IF(IER? .NE. 1) TYPE"SWAP ERROR = ~,IERY

_ : c
Canuinn On return froa the speech output subroutine,
] c continue in the interactive loop and increment counter,
b c
B ICOUNT = ICOUNT + 1
G0 T0 990
2001 CONTINUE
c
Cuunssn On receipt of interrupt coumand fora Tektronixg
c notify user that program is waiting for input, then
c continue as directed.
¢
D0 2010 IWAIT=1,4 jget the
ACCEPT™ (7> (7) (7} * jattention of
CALL FDELAY(20) jthe user.

2010 CONTINUE
TYPE" (15) (15) "
CALL BYTEPAC(ICONTROL(1))
CALL BYTEPAC(ICONTROL(2))
CALL FDELAY(20)

c
Chnnuny In case user accidently sent the same position twice
c this portion of the program will allow continuation of
£ sork,
c
TYPE" INTERRUPY COWMAND RECEIVED FROM TEXTRONIX (15) "
TYPE" Enter 0 : to STOF."
ACCEPT" Enter 1 : to CONTINUE IN SAME NODE (15)",IFLAC
IF(IFLAG.EQ,0)GO TO 2020
1SARP=0
IBYTE=99¢
CALL BYTEPACC(IBYTE)
CALL RESET
CALL OPEN(5,FILENAM,1,512,IER1)
OFEN 19,"DCONPS" ,LEN=1SIZE
IF(IER1 (NE, 1) TYPE“EROR ON OPEN, IER1: ",1ER1
OPEN 1,"TENERGY"
OPEN 4, JENERGY"
G0 T0 31 - -
2020 CALL RESET
STOP
END 1
J
-
1
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APPENDIX B

PHONEME AMPLITUDE
PLOTS
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B. Phoneme Amplitude Plots

The following plots are a representative cross section
of the total population of phonemes that showed a degradation
in performance. A sample is only used because with 29 phonemes
showing a degraded performance, this could account for ap-

proximately 145 plots.
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APPENDIX C

PLOTTING THE a
SPECTRAL COMPONENTS S
OF A SPEECHFILE S
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C. Plotting the Spectral Components of a Speechfile

The program RECORD was used to plot the spectral com-
ponents of any given vector of a speechfile. This was used
to compare the results of a 64 point DFT with a 128 point
DFT, both performed on the same speechfile., Figure C.1 and C.2

illustrate the resulting plots for a 128 point DFT. Figure

C.3 is the corresponding plots for a 64 point DFT. As can

be seen, the 64 point DFT has a "smoothing" action associated

# with it.
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of a speechfile.
DESCRIPTION:
Location: FLETCHER. DR

ARGUMENT STRUCTURE:

format,

LN MENS. Shae. Snne Mmen ameen aai Aet T T T -

160

PROGRAM RECORD

File: RECORD

Language: Fortran 5

Date: November 15, 1982

Author: J. Fletcher

Subject: Plot of Spectral components of a
Speechfile

Calling Sequence: RECORD

ARGUMENT TYPE PURPOSE

ICOMP Integer number of frequency components

IRCC Integer sets record size

ISTART Integer first component read from file

IFILE string name of spectrum file

COMPNT Integer Array array for components

PURPOSE:

This program is used to plot the spectral components

ICOMP = number of frequency components per vector
in integer form. It is of the power of

two (i.e. 32,64 or 128).
ISTART = integer number of vector desired to be
used. This must be a three digit number
IPILE = The name of the spectrum file to be used.

It is in a 7 character Hollerith string




i —
&
A PROGRAM USE: S
- -
i S This program uses a subroutine GRPH2 to plot the spectral

components of a vector on the Tektronix 4010 terminal. The

vector and spectrum file is selected by the user. The user

h must also instruct the program as to how many spectral com-
ponents there are per vector. GRPH.LB must be loaded with

‘this program.

—— (LA &8 bt S
P PR
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SERNRRERABEREERRRRRARERERARRENNESRENNANEED

-f " 1]
> " PROGRAR: R ECORD 11
" 1)
1 1] BY: CPT JANES E. FLETCHER 1)
T T
1 1] DATE: 15 NOV 82 e
»e T

NOTE: THIS PROCRAN IS FOR PORTRAN 5 AND MUST BE RUN ON THE
TEKTRONIX 4010 TERMINAL.

This progras uses a spectrus file created by the program SGRAM
to plot the spectral components for a tise slice on the Tektronix
4010 termina)s The user has the option of choosing his spectrum
file, the nusber of frequency cosponents per time slice (limited
to a saxisum of 128 spectral cosponents), and the timwe slice he
mishes to observe.

xR s x N xR e s X x i A a E a R N N N N M Ny Ny B 2

DIMENSION IBI(128), COWPNT(128), IFILE(13)
5 DO 10 151,128
IBI(I) = 0
CONPNT(I) = 0
10 CONTINUE
ACCEPT"HOW RANY FREO. COMPONENTS (POMWER OF 2)7",1CONP
IREC = 1CONP = 2 3 Sets record size when opening spectrus file,
ACCEPT"VECTOR 10 BE PLOTTED (ENTER THREE DIGITS): -
READ(11,20) ISTART 3 Time slice to be observed.
20 FORMAT(I3)
ACCEPT"CONPONENTS FROW SPEECHFILE:"
READ(11,30) IFILE(1) sName of speechfile spectrun cane from,
30 FORNAT(S13)
CALL OPEN(2,IFILE,1,IREC,IER1) 3 Open spectrum file
CALL CHECK{(IER})
CALL READR(2,ISTART,IBI,1,I1ER2) 3 Read one record from file.
CALL CHECK(IER2)
DO 40 I=1,128 3 Create a real array of coaponents
COMPNT(I) = PLOAT(IBI(I)) 3 Naxioum size is 123 components.
40 CONTINUE
ACCEPT"PRINT COMPONENTS ON PRINTER? (12Y/0:=N)",IPRNT
IFCIPRNT ,EQ. 0) GO TO 40
WRITE(12,50) (CONPNT(I), I=1,i28)
50 FORMAT(5X,F10.2,5X,F10.2,5X,F10.2,5X,F10.2)

c
4 CRPH 2 prints a plot of values that are in CONPNT array. i
C ’ -
60 CALL CRPH2("VECTOR FREQ., CONPOMENTS™,1,CONPMT,U,ICONP,0,XNIN,XNAX,0) )
WRITE(10,70) ISTART, IFILE(1) 3 Header inforsation for graph ;___

70 FORNAT("PLOT POR VECTOR ",13," PROM PILE ",813) ]
READ(11,80) IPAUS , s

80 FORMAT(S1)

162
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CALL RESET

CALL ERS(1)

CALL TDELAY(2)

ACCEPT"RETURN ? (1:Y/0=N) “,IANS 3 Return to look at another time slice
IF(1ANS ,EQ. 1) GO 10 %

sTOP

END .

-
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163 T




h R
R
i
)
]
)
d8 0aTdSO TS WONd 26 WOLI3N 04 L1074 “
i . |4 k
+ ¢ o “
]
_“
]
;vn . .ﬂ'.
{ 2
K o
[ =}
. -y
g 0
. . - & <
: .
a -
,. nw ..
- © ,.
: 3
o
-
fay
- fw - ﬁ
X SININOdWOD 83344 J0LI3N D = B




a Qe £ o o ﬂ.ll -

Y

Y

o8 821001480 31 WOV & 0LIIN H0d LGT

%

e 9~

SIN3NOWOT €394 doLoan®? ?

Figure C.2

......

EUR RN -NE!

128 Point DFT

165




—T

46'621001480 34 WoNd 0% ¥WOLI3N

8

——

4=

ot
T3

404 1074

64 Point DFT

166

Figure C.3
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